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Chapter 1: Introduction

When people think of multimedia computing, they usually think of video in a computing envi-
ronment. This is a narrow perspective on multimedia. Visual information definitely dominates
human activities because of the powerful visual machinery that we are equipped with. But, hu-
mans use all five senses effectively, opportunistically, and judiciously. A true multimedia system
should be able to effectively utilize signals from multifarious sensors and present to users only
the relevant data in the appropriate media.

This book takes an integrative systems approach to multimedia. Integrated multimedia systems
receive input from different sensory and symbolic sources in different forms and representations.
Users ideally access this information in experiential environments. Early techniques dealt with
individual medium more effectively than with integrated media and focused on developing effec-
tive techniques for separate individual medium, e.g. MPEG video compression. As the field ma-
tures, we are seeing increasing attention on issues that span multimedia. As we will discuss in
more detail later, most of the difficult semantic issues become easier to solve when considering
integrated multimedia rather than separate individual medium.

In the early days of computing, science fiction writers envisioned computers as robots that
would effectively use audio-visual data. Later, people dreamt of systems that could organize
audio files, images, and video. Now people want to share perceptual experiences independent of
time and distance. Within the next few years, most of the data stored on computers—at least with
regard to storage size and bandwidth requirements—will be audio-visual. The fundamental me-
dium for computing and communications will also be audio-visual, and most likely also tactile.

Handling multimedia content requires incorporating concepts and techniques from various
disciplines—from signal processing, from communication theory to image databases, and from
compression techniques to content analysis. Multimedia computing has consequently evolved as
a collection of techniques from different disciplines.

Unfortunately, both application development as well as the multimedia research field has
evolved in a way like the elephant in the fable about the elephant and the six blind men (see Fig-

ure 1). In this fable, each blind man has a limited perspective due to some physical limitation. In
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real life, people impose limitations of perspective in many ways and hence—though naturally
endowed with multiple sensory and cognitive faculties—functionally behave like these blind
men portrayed in the cartoon: Each engineering and research discipline perceives multimedia
from its own limited viewpoint. This has resulted in a skewed development of the field, where
multimedia is perceived — at best — as multiple monomedia fields.

We (humans) use our five senses (sight, hearing, touch, smell, and taste) together with our ab-
stract knowledge to form holistic experiences and extract information. Multimedia computing
aims to develop communication techniques to allow holistic experiences from multiple sources

and modalities of data and extract useful information in the context of various applications.

=)

o

Figure 1: Multimedia is like an elephant. Looking at it from limited perspective leads to
many completely wrong characterizations.

This fragmented perspective of multimedia has slowed progress in understanding and effec-
tively processing multimedia information, although the hardware used for processing it—ranging
from sensors to bandwidth—has advanced rapidly. Multimedia computing should leverage corre-
lated and contextual information from all sources to develop holistic and unified perspectives
and experiences. It should focus on full multisensory experiences rather than partial experience,
such as listening to a an audio-only sports commentary.

This book presents emerging techniques in multimedia computing from an experiential per-
spective in which each medium—audio, images, text, and so on—is a strong component of the
complete exchange of information or experience. Humans are the best functioning example of

multimedia communication and computing—that is, we understand information and experiences
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through the unified perspective offered by our five senses. Our goal in this book is to present cur-
rent techniques in computing and communication that will lead to the development of a unified
and holistic approach to computing using heterogeneous data sources.

By describing the properties of perceptually encoded information, presenting common algo-
rithms for handling it, and outlining the typical requirements for emerging applications that use
multifarious information sources, this book introduces the fundamentals of multimedia comput-
ing. It serves as an introduction to engineers and researchers interested in understanding the ele-

ments of multimedia and their role in building specific applications.

Organization of this Book
We organized this book to present a unified perspective on different media sources for ad-

dressing emerging applications. The book consists of six parts, each containing several chapters.
We provide pointers to the latest literature, but our main goal is to present concepts, techniques,
and applications that will be useful in building integrated multimedia systems. We believe that
the holistic viewpoint presented in this book is essential for understanding, using, and communi-

cating emerging applications that use heterogeneous data from multifarious sources.

1. Defining Multimedia Systems
The current stage of the multimedia field brings to mind the parable about the six blind men
and the elephant; we therefore define multimedia systems and discuss its main elements. This

will help us discuss all elements concurrently without losing the whole-system perspective.

2. Nature of Perceptually Encoded Information

Like humans, multimedia systems gain information and experience through a variety of sen-
sory and other sources. Understanding the relationships among data, information, knowledge,
insight, and experience is crucial to being able to use these sources judiciously. We discuss basic
elements of information and data source types, including text, audio, images, and video, in the
context of multimedia systems. These areas are well established and many other sources provide
details on every aspect of representation and processing. Our goal here will be to present the es-

sential elements from those areas and direct readers to sources for more information.
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3. Fundamental Properties of Multimedia Applications and Systems

Once multimedia data is acquired through sensors, it needs to be transmitted, stored, repro-
duced. Users often use production environments to edit and create multimedia presentations out
of the raw sensor data. This part of the book discusses the fundamentals concepts of multimedia

systems and applications.

4. Compression

Sensors are often located at geographical locations outside of the processing environment. Us-
ers, too, are typically at different geographic locations from the processor. Thus, increasingly, a
system’s input, processing, and output elements are at different locations. A large volume of data
must therefore be communicated to different locations, making data-compression techniques es-
sential. Fortunately, data compression is an active research area and most of these techniques
have responded well to multimedia systems’ needs. This book presents fundamental algorithms

and ideas that allow the reader to go into further details based on his or her interest.

5. Organization and Analysis of Multimedia Content

Multimedia systems require a large amount of storage. Data’s distributed nature and presenta-
tion issues make storage techniques and architectures serious concerns.

Organizing multimedia data for search and navigation has been a challenge. Even organizing
individual components such as audio, images, and video presents challenges. In the last few
years, researchers have begun focusing on spatiotemporal multimedia data. Systems that handle
this data will require different access environments and different navigation and presentation

mechanisms from those used in current databases and search engines.

Index Terms

Elephant parabel; organization, book

Literature
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Chapter 2: Multimedia: A Definition

Only a few inventions in the history of civilization have had the same impact on society in so
many ways and at so many levels as computers. Where once we used computers for computing
with simple alphanumeric data, we now use them primarily to exchange information and com-
municate. Computers are rapidly evolving as a means for gaining insights and sharing experi-
ences across distance and time.

Multimedia computing started gaining serious attention from researchers and practitioners in
the 1990s. Before 1991, people talked about multimedia, but the computing power, storage,
bandwidth, and processing algorithms were not ready to deal with audio and video. With the in-
creasing availability and popularity of CDs, people became excited about creating documents
that could include not only text, but also images, audio, and even video. That decade saw explo-
sive growth in all aspects of hardware and software technology related to multimedia computing
and communication. In the early 1990s, PC manufacturers labeled their high-end units containing
some advanced graphics multimedia computers. That trend disappeared a few years later because
every new computer was a multimedia computer.

Research and development in multimedia-related areas has been around for much longer. Re-
search in speech processing, speech compression, and speech recognition was fueled first by te-
lephony and then by digital sound applications. Image and video processing and compression
have also been active research and development areas due to digital photos and then digital
video.

Before 1990, much of the research in audio and video compression, storage, and communica-
tion was driven by broadcast and consumer electronics related to entertainment applications. In
the 1990s, the idea of combining these sources in a computing environment emerged as a clear
possibility. As a result, research in all areas of audio and video received significantly greater em-
phasis.

In the following we describe the historic evolution of multimedia computing based on the

fundamentals of technological advancements and the demands by its users. Knowledge about
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these fundamentals contributes significantly to the understanding of the field and enables visions

about it’s future.

Communication in Human Society
The ability to effectively communicate complex facts and interrelationships is one of the main

features that distinguishes humans from animals and has been a major force in human evolution.
Communication lets us share experiences and create, maintain, sustain, and propagate knowl-
edge. As Table 1 shows, human civilization has seen many influential inventions related to com-
municating experiences across space and time. Communication invariant to space allows to ex-
change information between participants independent of their current location, invariance to time
allows to experience an event over and over again without having to be there at the exact mo-
ment. Mankind’s striving for both time and space invariance in communication is one of the de-

fining foundations of multimedia.

Invention Resulting Application Invariance
Spoken Languages Natural communication none

Written Languages Symbolic record of language Time

Paper Portability Time and space
Print Mass distribution Time and space
Telegraph Remote narrow communication Space
Telephone Remote analog communication Space

Radio Broadcasting of sound Space

Film Recording of sight and sound Time and space
Television Broadcasting of sight and sound Space
Recording media Recording Time and space
Digital media Machine enhancement and processing Time and space
Internet Personalized reception Time and space

Table 1: Communications-related inventions in human civilization.

Human communication exists in many forms, including facial and body gestures, olfactory
signs, and of course spoken language. Out of these, spoken language is the one that is able to
convey the most complex facts, i.e. information density is very high. For most of human’s exis-

tence though spoken language only consisted of analog sounds uttered with the speech-producing
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infrastructure in the the throat. Eventually, people realized that experiences were important and
should be stored for sharing with others. Initially, drawings and paintings would convey these
experiences but they were not precise enough to inambigously convey complex facts — and too
cumbersome to produce. Humankind thus invented written language as a system for representing
language so other people could also share experiences. Cumbersome techniques such as stone
tablets gave way to more practical storage devices and writing methods. Next came the devel-
opment of paper and ink, and still more people began using the stored experiences that others
had painstakingly recorded.

Then came one of the most influential inventions in our history: Gutenberg’s movable printing
press. This invention enabled mass communication for the first time, and revolutionized society.
Our current education system, our reliance on documents (such as newspapers) as a major source
of communication, and libraries as public, government-supported institutions dedicated to storing
knowledge, all stem from that one invention that appeared more than 500 years ago.

The telegraph, which allowed instantaneous communication of symbolic information over
long distances, began to bring the world closer. This invention signaled the beginning of the
global village. Telephones let us return to our natural communication medium—talking—while
retaining the advantages of instantaneous remote communication. People could experience the
emotions of the person on the other end of the connection—something symbol-based methods of
writing and telegraph could only hint at.

Radio ushered in the wireless approach to sound and popularized sound as a medium for in-
stantaneous mass communication. Film and Television took communication a step further by ap-
pealing to our sense of sight as well as hearing. It was the first medium that let us experience
with more than one sense and as such was able to more effectively key into our emotions. Video
communication’s popularity is clearly due to its use of our two most powerful senses working in
harmony to communicate experiences.

Storage and distribution technologies, such as magnetic tape, allowed the storage, preserva-
tion, and distribution of sound, again bringing us closer to natural experience. Video recording
enhanced this experience significantly. Digital media further improved the quality of our experi-

ence by making it possible to copy and share information without loss. The Internet took infor-

G. Friedland, R. Jain Introduction to Multimedia Computing

20



mation availability to a new dimension, providing us with experiential accounts of an unprece-

dented variety.

Evolution of Computing and Communication Technology
The changes in the landscapes of both computing and communications have been overwhelm-

ing in the last few decades.

Just a few decades ago, a computing center was one of the most important buildings on a uni-
versity or corporate campus. Access to this building, particularly to the “holy” room in which the
computer functioned, was highly restricted. A computer occupied several rooms, if not floors, of
a building, needed air conditioning, and required a specialized and trained staff to interact with it.
These computers cost millions of dollars. Figure 2 shows a popular computer from the late 1960s

and early 1970s. Table 2 lists some of its important characteristics.

Copyright of the image?

Figure 2: A 1960s-era computer.

Computer IProcessing unit |(Operating sys- (Core memory [Secondary
tem memory
1960s-era com- (Could not do INo OS; human |60 Kbytes 2M characters
puter arithmetic, used |monitors con-
look-up tables  [trolled everything|
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Modern handheld ARM 620 MHz [iPhone OS 128 Mbytes 16 Gbytes
computer
(iPhone)

Table 2: Comparison of early computers with those of a typical handheld computer.

Progress in processing, storage, networking, and software technology have changed comput-
ing beyond anyone’s expectations. Today, most people carry computers that are more powerful
and sophisticated than the 1960s-era computer in their pockets. Figure 3 shows one such com-
puter; Table 2 compares it to the early computer. Although this computer is more powerful and
sophisticated than the one in Figure 2, it costs several thousandths of what the older version cost,
is easy to carry, and is much less affected by climate. Moreover, just about anyone can operate it,

using it to solve their everyday computing and communications needs.

Figure 3: A handheld computer, similar to those most people carry.

Communications technology has experienced a similar overwhelming transformation. We’ve
already discussed the historical perspective. Here, we focus on short-term technological im-
provements in one medium.

Consider the telephone. In its very early incarnations, the telephone had limited use. Only a
few people could afford to have one in their homes. Moreover, a house had one phone, and when
you called someone you literally had to shout into the mouthpiece. During a long-distance call,
latency made communication difficult. Either both parties spoke at the same time or each waited
for the other, while an expensive meter ticked off seconds. Not seldomly, people spent more time
shouting “Hello! Hello!” than having a meaningful conversation. Now, users can talk on a phone
while walking, running, driving, or flying in an airplane. Signal reception is so clear that you can

G. Friedland, R. Jain Introduction to Multimedia Computing




whisper to a person on the other side of the globe. More importantly, not only is your phone a
voice communication device, but it is also your connection to a computer network, a camera,

your calendar and address book, an entertainment, and a video communication device.

The Future of Multimedia: Experiential Computing
To understand computing technology’s evolution to its current state, as well as to project its

future evolution, consider the applications that have been and will be driving the technology’s
development.

The first computer applications performed numerical computations using data in scientific ap-
plications, hence the name computer. Business was the next major driving application with so-
called “data processing.” It brought alphanumeric processing and databases in focus for devel-
opment. Major networking advances resulted in enterprise computing based on the traditional
distributed processing approaches that eventually culminated in the Internet.

Personal computers were another major influence on computing. PCs ended reliance on a
powerful central computer and put several applications, including word processing, spreadsheets,
and electronic mail, into the public arena. Combining personal computing and Internet connec-
tivity led to one of the most amazing communication revolutions that human civilization has seen
so far: the World Wide Web. The progress continued and laptop computers replaced most PCs.
Laptops are now being replaced by an even more personal and sentient computing device— tab-
lets and mobile phones. These mobile devices can be used for computing, communication, and
much more. Moreover, they can use audio and visual mechanisms equally effectively as tradi-
tional alphanumeric computing. More and more they are being equipped with more diverse sens-
ing mechanisms than humans have, e.g. GPS receivers to sense geo-location. These devices are
true multimedia computing and communication devices.

Emerging computing and communication applications have clear differences from earlier ap-
plications. This allows us to speculate about the future of multimedia applications and provide a
framework for new ideas. The following is a list of properties we observed looking at recently
emerging applications:

e Spatiotemporal and live data streams are the norm rather than the exception.
e Aholistic picture of an event is more important than silos of isolated data.
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e Users want insights and information that are independent of the medium and data
source. That is, the medium is just the medium; the message is what’s important.
e Users do not want information that is not immediately relevant to their particular in-
terests.
e Exploration (browsing), not querying, is the predominant mode of interaction.
Currently emerging applications are pushing computing to use primarily data from multiple

sources. Moreover, these applications clearly demand that computing focus more on information,

experiences, and understanding than on the medium or data source.

This evolving nature of data sources and desired operations can be captured in the matrix
shown in Table 3. These relationships have profound implications for information and communi-
cation technologies (ICT). For example, databases are excellent for getting precise information
from a single alphanumeric data destination. Visualization environments and interactive tools
combined with data warehousing technology are useful in gaining insights from a precise alpha-
numeric source. In the last few years, search engines have made tremendous progress in finding
information sources, particularly alphanumeric sources in the World Wide Web, which is primar-
ily an unstructured distributed information source. Going forward, most emerging applications
will fall in the top-right quadrant: To gain insights from multiple heterogeneous sources, we need
an experiential environment because it unites disparate data sources and frees decision-makers to

explore their perceptions.

Insight Visualization Experiental Envi-
ronments
Information Databases Search En-
gines
Single Data Multiple Data
Destination Destination

Table 3: The changing nature of applications.

Current information environments often actually work against the human-machine synergy.

Humans are very efficient in conceptual and perceptual analysis but relatively weak in mathe-
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matical and logical analysis; computers are exactly the opposite. In an experiential environment,
users directly use their senses to observe data and information of interest related to an event, and
they interact naturally with the data based on their particular set of interests in the context of
that event.

Experiential environments several important characteristics:

They are direct. An experiential environment provides a holistic picture of an event
without using unfamiliar metaphors and commands. People are in a familiar environment
and use natural actions based on commonly used operations and their anticipated results. In
experiential environments, users easily and rapidly interpret the data presented and then
interact with the dataset to get a modified dataset.

They provide the same query and presentation spaces. Most current information systems
use different query and presentation spaces. Popular search engines, for example, provide a
box for entering keywords, and the system responds with a list of perhaps thousands of en-
tries spanning hundreds of pages. A user has no idea how the entries on the first page relate
to those on the 13th, how many times the same entry appears, or even how the entries on
the same page relate to each other. Contrast this to a spreadsheet. A user articulates a
query by changing certain data that is displayed in the context of other data items. This ac-
tion results in a new sheet showing new relationships. Here, query and presentation spaces
are the same. These systems are called What-You-See-Is-What-You-Get (WYSIWYG).

They consider both the user state and context. Systems should know the user’s state and
context and present information that is relevant to the user in that state and context. People
operate best when they are in known contexts and they do not like instantaneous context
switching. Information systems, including databases, should be scalable and efficient.
These considerations led to the design of stateless systems, such as relational databases.
However, this statelessness is why most Internet search engines are so dissatisfying. They
don’t remember the user’s state. They promote perceptual analysis and exploration. Text-
based systems provide abstract information in visual form. Experiential systems let user
analyze, explore, and interact with their environment using all of their senses, and thus are

more compelling and easier to understand.
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Multimedia systems will play a key role in creating experiential environments in diverse ap-
plications. Currently, video games provide the best experiential environments. Often, these
games effectively use audio, video, and tactile media to create compelling interactive environ-

ments.

Multimedia: A More Formal Definition
One obvious question that comes to mind at this stage is: Are there some fundamental issues

in multimedia computing and communication systems that will provide this integrative perspec-
tive? For exploring this, let us consider the problem a bit more precisely.

Consider a system equipped with multiple sensors working in a physical environment. The
system continuously receives information about the environment from multiple sensors and uses
this information to achieve its goals.

Assume that Si, ... S, are synchronized data streams from sensors. These data streams have K
types of data in the form of image sequence, audio stream, motion detector, and so on. Further,
let M1, ..., M, be metadata, including annotations, for each stream. This metadata might include
the sensor’s location and type, viewpoint, angles, camera calibration parameters, or any other
similar parameters relevant to the data stream. In most cases, feature detectors must be applied to
each data stream to obtain features that are relevant in a given application. Let us represent fea-
ture stream Fy;, where Fj; is the jth feature stream from S;.

Multimedia computing and communication techniques combine the dataset S; and its feature
stream Fj; using the metadata M; to extract information about the environment required to solve a
given problem. In this process, the system must often combine partial, sometimes uncertain, in-
formation from multiple sources to get more complete and reliable information about the envi-
ronment.

A defining difference in multimedia from single medium understanding fields like computer
vision or audio processing is that partial information from multiple media is correlated and
combined to get complete information about the environment. A common experience that most
people have is deciding about a thunder and explosion—appearance of a bright light followed by
a strong sound is used to detect it. Without correlating the sound with the noise, one cannot con-

clude that there is an explosion or a thunder.
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As we will see, context added by both the senses and prior experience plays a key role in hu-

man multimedia analysis. In multimedia computing the context can come from anywhere, e.g.

from some data collection parameters, from other sensory data, or from device constraints.

Index Terms

Multimedia, Definition of; Multimedia, Evolution of; Experiental Computing; Communication

, Fundamentals of

G

Literature
Research Articles
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Exercises

1. Think about further techniques developed in history that influenced communication and en-
abled time and space invariance.

2. Choose a multimedia application of your choice and brainstorm in a group or with a partner
how it could be made more experiential.

3. Search several definitions of the word “Multimedia” on the web or in other literature and

discuss their meaning based on different contexts.
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Chapter 3: Elements of Multimedia Computing

As discussed in the previous chapter, multimedia is closely related to how humans experience the
world. In this chapter first we introduce the role of different sensory signals in human perception
for understanding environments to function in it and for communicating and sharing experiences.
A very important lesson for multimedia technologists is that each sense provides only partial in-
formation about the world. Data and information from different sensors must be combined with
other senses and prior knowledge to understand the world. One sense alone, even the very pow-
erful sense of vision, is not enough to understand the world. In multimedia computing also, dif-
ferent sensory media should be combined with other knowledge sources to interpret the situation.
Multimedia computing and communication is fundamentally about combining information from
multiple sources in the context of the problem being solved. This is what distinguishes multime-
dia from several other disciplines, including computer vision and audio processing, where focus

is on analyzing one medium to extract as much information as could be extracted from it.

In multimedia systems, different types of data stream simultaneously exist and the system must
process them not as separate streams but as one correlated set of streams that represent informa-
tion and knowledge of interest for solving a problem. The challenge for a multimedia system is
to discover correlations that exist in this set of multimedia data and combine partial information

from disparate sources to build the holistic information in a given context.

Experience and Information

We experience our physical environment through our natural senses of sight, hearing, touch,
taste, and smell'. Every human child starts building models of different objects and events in the
world through learning process from very early part of life using all senses. Once these models
are in place, our senses let us experience and function in the physical and social worlds and re-
fine, enhance and even develop new models. These models are fundamental to recognition of
objects and events in our world. Model of an object or event helps us in abstracting all sensory
information into a simple symbol. The process of assigning a symbol to represent an object or
event and then building more complex objects and events using these is at the heart of a field
called semantics. Semantics is the study of meaning. Semantics is an important area of study in
linguistics. Semantics is related to the study of meaning of words, phrases, sentences, and other

larger units of text. Semantics is a rigorously studied field (see literature links at the end of this

1 Note that this is a traditional classification of human senses. In later chapters we will see that humans have more
senses, e.g.proprioception.
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chapter). In our discussions in this book, we will not address detailed theory of semantics but we
will consider the basic aspects as needed. For our purpose, we will just consider semantics to be
the study of meaning associated with symbols. These symbols could be simple atomic symbols
or could be composite symbols built by combining multiple atomic and/or composite symbols.
Since our concern is with multimedia signals, these symbols could represent some units in dif-
ferent components such as audio and visual data (e.g., an area of a certain texture or an acoustic
event) or could represent entities as combination of different media (such as an audio-visual ob-

ject) thus resulting in symbols in multimedia .

Webster’s dictionary defines experience as the “direct observation of or participation in events as
a basis of knowledge.” We experience the world we live in. The basis of all our interactions is
our experience of the world. We learn about the world and accumulate and aggregate our experi-
ences in the form of knowledge. Scientists among us experiment to test their knowledge and to
gain new knowledge. Scientific process relies on experiments to study a hypothesis under differ-
ent conditions to evaluate its validity. Experimental aspects of a science are fundamental to its

progress. Final evaluation of experiments is by humans using their sensory processes.

Communication is the process of sharing experiences with others. The history of civilization fol-
lows the development of our understanding of experiences and how to share them with our fel-
low humans even in other parts of the world immediately, as well as with those who will follow
in future generations. It is interesting to see how many influential innovations and inventions in
human history are related to communication and sharing of experiences with people who may be
spatially and temporally separated. As explained in the previous chapter, this process started
with the development of languages and has lead to the innovations resulting in the World Wide
Web.

Information is an “efficient but abstract communication of experience.” We gain knowledge
through the set of experiences that make up our lives and communicate information about those
experiences. Because we don’t communicate the experiences themselves, we lose a vital element
of the act of experiencing in the translation to information. Many of us can’t know, for example,
what it’s like to hit the game’s winning run, to surf the perfect wave, or to fight a war. We can
read about the events, of course, and we can view pictures and videos. But we aren’t present in

these, so our experience and hence the knowledge of these events is incomplete.

In the communication process, one of the most important elements is to develop a dictionary. A
dictionary is an exhaustive collection of a selection of the words of a language. It contains in-
formation about their meanings, pronunciations, etymologies, and inflected forms, in either the
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same or another language. Thus, a dictionary is a shared and agreed collection of symbols
(words) and what these symbols mean. Each language is based on a dictionary containing these
symbols and rules, the grammar of the language, to use them. Without a dictionary communica-
tion may not happen. Just imagine situation when a person speaking English is talking to a per-
son speaking Chinese. Each person is using a dictionary but these are two different dictionaries.
Communication requires a shared dictionary. Dictionaries are commonly used in the context of
languages and use words as the basic symbols as carrier of meaning. In computer science, dic-
tionaries are extended to use list of codes, terms, and keys for use by computer programs. Many

of the compression algorithms presented in later chapters put dictionaries into practice.

In multimedia, the basic carrier of meaning or symbols are not just traditional words as used in
speech and text, but some units, similar to alphabet used in text and phonemes used in speech, in
a particular medium. Let’s consider visual information. Consider a very simple common task:
Given an image of an object, name this object and list all objects that look like it and are related
to it. Try to extend this to all detailed functions that you commonly see in a dictionary. Visual
Dictionaries are being developed for different applications and for different kinds of visual in-
formation, ranging from shapes of curves to complex objects (see research articles). In these dic-
tionaries, usually visual shapes or objects are stored and all their details are given in multiple
languages. It is likely that these dictionaries will play increasingly important role in understand-
ing of visual information and applications of emerging technology that will increasingly utilize

cameras as information devices.

Objects and Events
In understanding data of any type, one tries to find which aspect of the world the data represents.
As discussed above, perceptual processes depend on prior knowledge about the world we live in

to analyze the signals. An important issue is how to represent the world.

Many researchers believed that the world can be represented using objects. This view believed
that the world could be considered as a collection of objects. This view is challenged by many
modern, and not so modern, thinkers (see literature at the end of this chapter). According to their
views, events play equally important role. Events represent change in relationships among ob-
jects. And these changes are fundamental to understanding the current state of the world. Ac-
cording to emerging views, to model dynamic world both objects and events must be used. In a
sense, objects are good in capturing static component of the world, while events complement that

by capturing dynamic situations.
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In computer science, object oriented thinking has been used in many fields and their applications.
Object oriented approaches have revolutionized many areas of computer science because of the

high level abstractions it offers for design, programming, and even some interactions.

Multimedia brings some new challenges to computer science, however. Multimedia, particularly
audio and video, are fundamentally dynamic in nature. They capture signals that represent some
attributes of the world as a function of time. In fact in many applications, even those sensors that
capture static characteristics of the world, such as temperature at a point in space and time, are
used to detect changes in those characteristics as function of time. A sensor is almost always
placed in an environment where some event needs to be detected and the sensor measures some

physical attribute that helps in detecting the event.

Many fields in computing have used the concept of event in designing systems. This concept has
been used very differently in different fields, however. With increasing use of multimedia in
computing, it is likely that a unified approach for event-based thinking will evolve (compare also

research articles at the end of this chapter).

It must be emphasized that for modeling real world using powerful computational approaches, it
is essential that both objects and events be used. Objects and events complement each other.
Objects in computing capture attribute and functions of physical objects and other related con-
cepts and events represent relationships and changes among those relationships in space and

time.

Perception
Perception is the process of understanding sensory signals for recovering information (see litera-

ture). Perceptual processes have been analyzed with the goal to understand them for very long
time. With arrival of computing, it attracted more attention from psychologists and researchers
in artificial intelligence in the hope of developing machines for automatic perception. The un-
derstanding of perceptual processes has remained a difficult problem and is a very active re-
search area in many disciplines including psychology, neuro-physics, and computer science.
Understanding of sensory information is a very important step in many multimedia systems. We
will study important perceptual processes in audio and visual processing in following chapters.

Here we present some general aspects of perceptual processes.

A perception system takes sensory signals as input and generates the information that is relevant
in its application context as output. This process is based on two important sources: signals and
relevant knowledge sources. Figure 1 shows the role of existing knowledge in perception. The

output of the system is clearly the combination of the input sensory signal as well as the knowl-
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edge available to the system. Without any knowledge, the system can not produce any informa-
tion, and without the signal the system can only hallucinate. Perception sometimes is considered
as a controlled hallucination process (see research articles) where based on the signal the system

starts hallucinating and creates multiple hypotheses then uses the signal to find the best support
for its hypotheses and recovers information from signal.

Existing
knowledge

|

Perception -
Data Information

Figure 1. Perception is the process that recovers meaningful information from sensory
data using existing knowledge.
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Figure 2: (A) A Dalmatian dog sniffing around. (B) Unstable perception: two faces or
vase?

The role of knowledge, in the form of models of objects and events, is not immediately obvious.
Some examples may make it very clear, however. We always use the term recognition for find-
ing objects in signals, such as images. This term implies that we try to re cognize objects —
meaning we know about the object or in other words have models of objects. Without models,
there is no recognition. The models could be in many different forms ranging from very concrete
and detailed model to very abstract models. To show the importance of models, we show two
very commonly seen pictures in Figure 2. In Fig 2 a, there is a Dalmatian dog sniffing around.
If you don’t know how a Dalmatian dog looks, you will see only random blobs in this picture,
but if you know Dalmatian dog, you will clearly see it. The Fig 2 b shows the picture which has
two interpretations: you can either fit model of human faces to it and see two faces or see a vase
in it. This shows that your perception system comes up with two hypotheses and admits both as

viable, but only from a slightly different gaze point.

Perceptual Cycle

In all our activities, we use our senses, brain, and memory to understand our environment, to op-
erate in this environment, to communicate about the environment and finally to build and update
our knowledge repositories for efficient and effective use of what we learn. How we use these
senses and how we convert this sensory data to information and knowledge has been a source of
intrigue to thinkers for almost all known history. Here we present some ideas to provide histori-

cal context and perspectives on the evolution of this understanding.

Let’s take a look at ancient philosophers (see literature references). They believed that:

o,
X3

Understanding of world is indirectly derived using our senses.

% The fidelity of the model of the world depends on how well a person understands the
world.

¢+ People achieve different ‘levels’ of understanding in terms of their own knowledge
structures.

++ Nirvana is the highest stage of understanding.

D>

o,
X3
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These observations show deep insights about 2000 years ago. Thinkers even during that time
clearly recognized that data from all sensors must be assimilated using existing knowledge to
form an understanding of the environment. It was also recognized that sensors help us under-
stand the world at different levels of understanding. One evolves to the highest level of under-
standing by refining their knowledge structures. Similar ideas and models are discussed by mod-

ern philosophers (see literature references) in theory of objective reality.

To formulate the problem from a computational perspective, we consider the so-called perceptual
cycle introduced by Ulrich Neisser (literature and article references) in 1976. It attempts to
model how people perceive the world. According to this model, a perceiver builds a model of the
world by acquiring specific signals and information to accomplish a task in a natural environ-
ment. The perceiver continuously builds and refines a schema that is based on the signals he re-
ceived so far. This schema represents the world as the perceiver sees it at that instant. The per-
ceiver then decides to get more information to refine the schema for accomplishing the task that
he has in mind. This sets up the perceptual cycle in Figure 3 below. The basic idea behind the
perceptual cycle is that an agent is continuously interacting with the environment using its sen-
sory mechanisms to build the model of the environment that will be useful in its task. At any
given time instant it has a model of the environment, called schema that is constructed using all
the data and information received until that point. The system then decides what more is re-
quired to complete the task and how that information could be acquired. Based on this, the agent

collects more information using appropriate sensors.
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Figure 3. Neisser’s perceptual cycle: The perceiver gets signals from the environment, inter-
prets them using the current schema, uses the results to modify the schema, uses the schema to
decide to get more information, and continues the cycle until the task is done.

The perceptual cycle model has conceptual similarity to recursive filtering techniques commonly
used to estimate the state of a linear dynamic system using observers (sensors) that may provide
noisy measurements. Chapter XXX will introduce these systems. The state of the system is rep-
resented mathematically as a vector. The state vector represents the values of the parameters that
are used to characterize the linear dynamic system. In system theory (see research articles),
these vectors represent the system so that correct amount of control inputs could be applied to the
system to bring it into the desired state. In perceptual cycle, the schema represents the essential
parameters that are required to solve the given task. Based on the current schema as compared to

the final, or desirable, schema the agent must decide its action.

As mentioned, however, the perceptual cycle is dealing with perception that is not a linear dy-
namic system. This cannot be easily modeled using the current tools of the system theory. Some
powerful estimators, such as Kalman filters (see research articles), have already been used in

computer vision to model aspects of human perception. As progress in technology takes place, it
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is expected that more formal tools will be developed to represent and construct schema using

multimedia data.

Multimedia Systems

Consider a computing system equipped with multiple sensors working in a physical environ-
ment. The system continuously gets information about the environment from multiple sensors
and must process all these in the context of its application. Obviously the applications could
range from just identifying an object to autonomously functioning in a complex dynamic envi-
ronment. Here we consider a general situation without any specific application. We also con-
sider that for a computing system, the types of data sources are not limited just to the sensory
modes that we humans can process. As is well known, different species have different sensory
capabilities. Multimedia computing systems could be endowed with sensing capabilities of vari-
ous types.

Let us assume that we are given Sy, ... Sy data streams. These data streams have K types of data
in the form of image sequence, audio stream, motion detector, annotations, symbolic streams,
and any other type that may be relevant and available. We assume that these streams can be syn-
chronized both in time and space resulting in these data streams represented in a common tempo-
ral and spatial coordinate system rather than in the coordinate system of each sensor. Further, we
assume that metadata My, ..., M, for each stream is available from the original sources that helps
us in interpreting the data stream in the context of the world. This meta data may include things
like location and type of the sensor, viewpoint, angles, camera calibration parameters or any
other similar parameters relevant to the data stream. Data stream is usually not directly very use-
ful in the interpretation of the data in relation to the environment. In most cases, some feature
detectors must be applied to each data stream to obtain features that are relevant in the current
environment. Le us represent, features stream Fj; as the j feature stream in S;.

Given the above data environment, the most fundamental problem that multimedia computing
systems must solve is to extract relevant information about the task at hand using data from these
disparate sources. There are many challenging problems, including the following that are di-
rectly relevant to the main theme that we will address in this book:

* How do we combine these data streams to obtain the information that is essential for
solving the problem at hand?

* How do we represent this data in the most compact form for communication and storage?

* How do we present this volume of data to a user in her computing environment to com-
municate intended information?

*  What are the system issues that must be solved to deal with these disparate types of data
and how they are handled by the system?
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Before we address most specific concepts and techniques related to solving above problems in
the rest of this book, some concepts that form the basic fabric of multimedia systems are dis-
cussed in the rest of this chapter.

Semantic Gap

Computing systems represent data in terms of bits and bytes and build from these more sophisti-
cated representations such as lists, images, audio, and video. All these representations are fun-
damentally a collection of bits that programmers use to define abstractions to build their applica-
tions. On the other hand, the users of these systems are people who define their applications in
terms of objects and events and build complex concepts based on abstractions that start with ob-
jects and events. There is a fundamental gap between the abstractions defined in computing sys-
tems and those used by the users of these systems. This situation is shown in Figure 4. This gap

is defined in (Smeulders et al) as:

“The semantic gap is the lack of coincidence between the information that one can extract from
the visual data and the interpretation that the same data have for a user in a given situation. A

linguistic description is almost always contextual, whereas an image may live by itself.”

In current computers, we must build abstractions starting with bits, the most fundamental repre-
sentation unit of data, and defining concepts that may be needed in specific applications. It is
easy to build these concepts by defining various structures and naming and using them as a pro-
grammer may want to. We are all familiar with, and will discuss more in following chapters,
concepts such as images, video, and audio signals as they are represented in computers. Human
beings, currently usually ultimate users of the computing systems, usually do not think in these
structures, however. Humans usually think of objects and events (see Quinton) and build com-
plex concepts based on complex, often ill-defined and uncertain, relationships among them. As
shown in Figure 4, there is a gap between the abstractions such as images and video as defined in
computers and objects and events as used by people in their mind. This gap is what is called the

semantic gap.

The main reason for the semantic gap, which often even exist among two persons, is that the
physical world contains objects and events and people build the models of these objects and
events in their mind based on the data that they receive from their sensors. People learn to ab-
stract the data received from their sensors in terms of objects and events while combining this
data naturally from all sources including all sensory organs, context, and memory. Chapter XXX
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will explain some details of that. On the other hand, we try to define the models of these in com-
puters using the data that is represented fundamentally in units of bits. The abstractions that are
built in computers are based on what could be built in computers using bits. Fundamentally, in
computing we define things based on what could be computed, while as humans we learn to ab-

stract what is needed to survive.

Many concepts and techniques developed in multimedia computing are related to bridging the
semantic gap. Starting from signal analysis approaches used in audio processing and computer
vision to indexing for multimedia information retrieval, many concepts and techniques in multi-
media address the problem of bridging the semantic gap. In fact, in all cases where human beings
are integral part of a computing system, the semantic gap must be bridged. In many mature
fields, this is bridged either by developing concepts in the field that bring data and humans con-

ceptually close or by developing interfaces that rely on human intelligence to bridge the gap.

Consider common Internet search engines that appear to work so well that we use them every
day: A close look at a search system’s behavior shows that when searching for keywords that can
be matched as character strings, it is easy to get good results. When you are searching for some-
thing that will not be satisfactory only based on string matching, but that requires some interpre-
tation of either data or your intentions, search systems perform poorly. Most research in improv-
ing relevance of results in search engines is trying to bridge semantic gap. It is concerned with

how to interpret data and how to detect a user’s intentions based on contextual information.
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Figure 4: Semantic Gap. There is a big gap in how computers represent data like images in bits
and bytes and how people think about images as collection of objects or events.

Metadata

Metadata literally means ‘data about data’. Given some data that represents an audio, photo, or
video; the metadata for it will describe different characteristics of this data. Some obvious meta-
data is name, size, date of creation, and type of the file. In addition to these, one can include any
other information that is considered useful for understanding, storing, transmitting, presenting, or
any other operation on the file containing the data. Metadata itself is data of some particular

type; it is metadata in this particular context because it is used to qualify or help some other data.
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Figure 5: This photo was taken at Zhujiajiao, Shanghai , China.

Since understanding techniques for text, audio, images, and other sensory data have not matured
enough to correctly understand elements in data, metadata has gained in popularity particularly
with the growth of the Web. XML was designed to be a mechanism to transport and store data.
It accomplishes that by defining a language to describe what data is. Tags used in XML are data
about data. Thus, XML is a language to associate metadata with the data explicitly so it could be
read by any program. This helps in not only transporting and storing, but analyzing and under-

standing data.

Let’s consider a picture file — say a photo shown in Figure 5. This photo was taken at Time
(11:31 AM on Sept 13), Location (Zhujiajiao, Shanghai: Latitude 31 deg 6' 36.34" N, Longitude
121 deg 2' 59.22" E ) and using a Nikon Coolpix P6000 camera. For this particular photo, no
flash was used, and the focal length (6.7 mm), ISO (64), and aperture (f/4.7) values of the camera
are known. All this (and much more) information is captured by the camera and is stored in the
picture file along with the above pixel data using a popular EXIF (Exchangeable image file for-

mat) standard (compare web links).

In multimedia computing, use of metadata is increasing rapidly. Many approaches based on
XML and tags are becoming commonplace even in audio, images, and video. It is expected that
techniques to represent metadata as intimately as in text will evolve in this area. Use of EXIF

with all stored digital images is a clear example of this trend in this field.

Context and Content
Content and context are two very commonly used terms in multimedia processing and under-

standing. There is no rigorous formal definition of content or context, though they are used ex-
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tensively by practitioners and researchers. It is important to understand what they mean and how

they are related to understand and develop efficient and effective multimedia systems.

Consider Figure 5 again. This is a photo containing 4224x3168 picture elements (pixels) and
each pixel is a color pixel. This photo contains more than 13 Million points each with three
color values associated with it. In the most basic form the content of the file or, as commonly
used, photo are these 13M pixel colors in the spatial configuration as represented by the location

of these pixels.

The metadata (discussed above), represents the context in which the data in the photo was ac-
quired. Context is defined as the interrelated conditions in which some data (the content) is ac-
quired. As seen above, some context parameters are stored by the camera using EXIF standards
for the photo. EXIF standard is used almost by all digital camera manufacturers to store this
kind of data with all digital photos.

Some other context parameters may help in understanding of data. For example, in the context
of the above picture, EXIF tells the model of the camera but it will be very helpful if the owner
of the camera is known and profile and calendar information about the owner is also available.
In many cases based on this information it may be possible to understand what the objects are

and more importantly, who the person in the picture is.

Multimedia research and techniques developed were concerned with only the content of the data
in early days. Increasingly the importance of context is becoming clear. Recently (see Singavi)
researchers are emphasizing that content and context should be combined and should be viewed

as all information that must be used for understanding multimedia.
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Exercises

1) Why does the semantic gap become a serious problem in perceptual systems?

2) A digital camera collects a lot of meta data related to camera parameters, including its loca-

tion, and stores that with the intensity vales at every pixel. How can the meta data be used? Can

this meta data help in reducing the semantic gap?

3) Where can EXIF be useful? Where can EXIF be harmful?

4) How is text related to audio?

5) Which is easier to analyze, speech or text? Discuss.

6) What is the role of knowledge in perception system? List at least 3 knowledge sources that

could be used in understanding images?

7) What is a model as used in perception systems? Can you develop a recognition system with-

out using a model?

8) How is the perceptual cycle related to estimation theory?

9) Multiple sensors are usually used to capture attributes of real world. Since the sensors have

different coverage in space and have different temporal characteristics, how can one combine the

data obtained from these sensors?

10) What is a feature in a sensor data stream? What role does it play in analysis of data and cor-
relating different data sources?
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Chapter 4: Introduction to Sensors

Information about the environment is always obtained through sensors. Therefore, inorder to
understand the nature of perceptual information, we must first start with an understanding on

properties of sensors.

Properties of Sensors

In general, a sensor is a device that measures a physical quantity and converts it into a signal that
an observer or instrument can read. Whether the sensor is human-made or from nature does not
matter. An ideal sensor is sensitive to the measured property, insensitive to any other property,
and does not influence the measured property. Of course, no perfect sensor exists because the
laws of physics state that energy is conserved and sensors need a transfer of energy to function.
After all, the photons absorbed in the retina of a human eye interfere with the universe in the
sense that if they were not absorbed by the human eye, they would not be absorbed at all or

would be absorbed by a different object (more on the properties of light later).

Fortunately, in practice, imperfect sensors are still useful. Not only that, but it’s these deviations
that multimedia computing uses for compression, corrects when reproducing signals, and ana-
lyzes for content. They shape the nature of the perceptual information we multimedia computing
processes. Therefore it is very important to know typical sensor deviations, so we summarize

them as follows before they are explained in more detail along concrete sensors in later chapters.

First, every sensor has a range and no sensor has unlimited range i.e., the possible intensities of
the input signal lie within a certain interval. Going above that interval saturates the sensor i.e.,
whereas the ideal measurement response would suggest a further increase in output, the sensor
outputs a maximum value and/or breaks (compare, for example, human ears exposed to too-loud
noises). The range’s lower bound is defined by the minimum amount of input that can be clearly
distinguished from no input. If the output is not zero when the input is zero, the sensor is said to
have an offset or bias. In practice, the sensitivity might differ from the measurement function

specified.

Ideally, a sensor will respond linearly to the measured entity, i.e. a linear increase in input signal
should result in a linear increase of the output of the sensor. A deviation from this, is often re-
ferred to as nonlinear behavior. Most sensors are tuned to behave linearly inside an operational
range. The non-linearity is called dynamic when the sensor behaves differently based on time or

other influencing factors that vary independently from the measured entity. A changing sensitiv-
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ity given a constant signal is a drift. Most sensors have long-term drift due to aging. A random

deviation from the measurement function is called noise.

The term hysteresis refers to any deviation over time: When the measured entity reverses direc-
tion (for example, gets higher instead of lower) but the sensor’s response has a finite lag, it might
create one offset in one direction and a different offset in the other. Figure 1 illustrates the con-
cept. A sensor’s resolution is the smallest change it can detect in the quantity that it is measuring.

Of course, resolution might also behave nonlinearly.

4

0 | B 10

Figure 1. A general example for the hysteresis concept. The bottom curve (blue) is the sen-
sor input, and the upper curve is the output. As the arrows show, the curve behaves differ-
ently when the measured entity decreases compared to when it increases.

Types of Sensors

Sensors for sound and light have been the most important for multimedia computing in the last
decades because audio and video are best for communicating information for the tasks typically
performed with a computer. That is, most people prefer to communicate through sound, and light
serves illustrative purposes, supplementing the need for language-based description of a state of
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the world. New or different tasks might use different sensors, however. For example, in real-
world dating (as opposed to current implementations of online dating), communication probably

occurs on many other levels, such as scent, touch, and taste.

Touch is seeing increased use in multimedia computing. Haptic technologies use tactile sensors
to translate human motion into computation. Currently, the most common type of tactile sensor is
force feedback, which is used in applications such as computer game controllers, servo mecha-
nisms for aircrafts, and remote surgery. Haptic devices receive information from the user through
pressure-sensitive sensors, such as piezo crystals, which emit electrical power proportional to the
force applied to them. So-called actuators transmit the feedback using electro motors to induce a
vibration or another physical motion to communicate to the human hands and arms. Other sen-
sors, such as haptic gloves, allow normal usage of the hand but capture the muscular state of the
fingers and other parts of the hand. Often, a remote robotic hand then reproduces the state of the
operator’s hand on the other end. A major issue with haptic sensors is tuning the feedback or
sensor to make the user experience intuitive and natural, so the user does not have to learn how

to operate the system.

In addition to light, sound, and touch, many animals have sensors for temperature, gravity, hu-
midity, vibration, pressure, smell, and other properties of their environment. Many nerve systems
and chemical sensors also sense internal aspects of the body. Some artificial sensors can sense
physical as well as chemical phenomena, such as radiation, force, flow, and seismic activity. Al-
though the principles described above apply, most of these sensors are not yet of interest in mul-

timedia computing.

The following chapters will therefore focus on the properties of the two major environmental
sensations: Sound and light. However, before that we introduce an important step, that usually

follows right after the sensor in the processing chain: Digitization.

Digitization

In order to connect a sensor to a digital computer, the output of the sensor signal needs to be dig-
itized. The electric current output by a sensor, and possibly amplified and/or integrated with other
signals, is usually a continuous electrical signal, with the voltage directly proportional to the
sound pressure. Digitizing is the representation of a signal by a discrete set of its samples, as
Figure 2 shows. Instead of representing the signal by an electrical current proportional to its
sound pressure, the signal is represented by on-off patterns representing sample values of the
analog signal at certain fixed points. The on-off patterns are much less susceptible to distortions

than analog signals. Copying in particular is usually lossless. Conceptually, digitization happens
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in both the time and frequency dimension, illustrated in Figure 2. In a sampling step, the analog
signal is captured at regular time intervals (the sampling rate), obtaining the signal’s value at
each interval. Each reading is called a sample. In quantization, samples are rounded to a fixed set

of numbers (such as integers).

.
>

t

Figure 2. Digital representation of an analog signal. Both amplitude and time axis are dis-
cretized.

By generating the signal represented by each sample, we could transform a series of quantized
samples back into an analog output that approximates the original analog representation. The
sampling rate and the number of bits used to represent the sample values determine how close

the reconstruction would be to the analog signal.

The error introduced by the quantization is the quantization noise. It affects how accurately the
amplitude can be represented. If the samples have very few bits, the signal will only be repre-
sented coarsely, which will both affect the signal variance and introduce reconstruction artifacts.

Typical bit representations for audio and video are 8, 16, 24, and 32 bits per sample.

The error introduced by the sampling rate is the discretization error. This error determines the
maximum frequency that can be represented in the signal. This upper frequency limit is deter-
mined by the Nyquist frequency?, which is half the sampling frequency of a discrete signal proc-
essing system. In other words, if a function x(#) contains no frequencies higher than B hertz, x(t)

is completely determined by giving its ordinates at a series of points spaced 1/(2B) seconds apart.

To illustrate the necessity of fs > 2B, consider the sinusoid:

2Named after the Swedish-American engineer Harry Nyquist, or the Nyquist-Shannon sampling

theorem.
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With fs = 2B or equivalently 7 = 1/(2B), the samples are given by
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These samples cannot be distinguished from the samples of

f

But, for any 6 such that sin(6) # 0, x(t) and y(t) have different amplitudes and a different phase,

as Figure 3 illustrates.
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Joan Taylor 5/2/11 10:34 Figure 3. Three possible analog signals for the same sampling points.
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the different line types? . . . . . . .
2 Sensor, feedback, haptic, range, hysteresis, non-linearity, drift, saturation, offset, bias, actuator,

habitation, digititization, quantization, sampling, discretization, Nyquist limit.
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Exercises

1. Explain how an external observer would perceive sensor hysteresis.
2. Traditional wisdom gives humans five senses: vision, hearing, touch, smell, and taste. Explain
why this number is wrong and discuss why it is not easy to define what a sense is.
. Habituation describes an effect in which repeated exposure to a stimulus leads to lower re-
sponse. Provide examples of human sensors that show habituation.
2. Discuss and experiment with ideas to reconstruct frequencies beyond the Nyquist limit. What
are the trade-offs?
3. Explain how the Nyquist limit sometimes becomes visible in the image and video domain.
What are the typical artifacts?
4. Explain why haptic sensors in virtual reality require physical robustness beyond what is often
technically achievable.

[
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Chapter 4: Sound and Hearing

Hearing and vision are the two most important sensual inputs that humans can process. Many
parallels exist between visual signal processing and acoustic signal processing, but sound has
unique properties—often complementary to those of visual signals. Perhaps this is why nature
gave animals both visual and acoustic sensors: To gather mutually additive information about the
environment. Many species use sound to detect danger, navigate, locate prey, and communicate.
Earth's atmosphere and water, as well as virtually all physical phenomena—fire, rain, wind, surf,
earthquake, and so on—produce unique sounds. Species of all kinds, such as frogs, birds, marine
and terrestrial mammals, have developed special organs to produce sound. In some species, these
have evolved to produce singing and speech. Furthermore, humans have developed culture and
technology (for example music, telephone, and radio) that let them generate, record, transmit,

and broadcast sound.

In this chapter, we introduce the basic properties of sound, sound production, and sound percep-
tion. Of course, a multimedia book can only scratch the surface of this complex and fascinating

topic.
The Physics of Sounds

The American Heritage Dictionary of the English Language, Fourth Edition defines sound as “a
traveling wave which is an oscillation of pressure transmitted through a solid, liquid, or gas,
composed of frequencies within the range of hearing and of a level sufficiently strong to be
heard, or the sensation stimulated in organs of hearing by such vibrations.” This compressed
formulation is perfect start for discussing the properties of sound. Sound is generated by me-
chanical oscillation. Unlike light, sound must travel through a medium. In a vacuum there is no
sound so, for example, one can’t hear exploding space ships. The traveling speed of sound varies
according to the medium it is traveling in. In dry air at 20 °C, the speed of sound is 343 meters
per second, or Mach 1. In fresh water, also at 20 °C, the speed of sound is approximately

1,482 meters per second.

Sounds being vibrations, their waves are sinosoidal in nature, i.e. composed of sine waves. For a
sound to be heard, the oscillation’s frequency and amplitude must be in a certain range. For hu-

mans, hearing is normally limited to frequencies between 12 and 20,000 Hz (20 kHz). The upper
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limit generally decreases as the person ages. Other species have a different range of hearing.

Dogs, for example, can perceive vibrations higher than 20 kHz?3.

Because sound is an oscillation of pressure, you can measure a sound wave’s amplitude by
measuring the sound pressure. Sound pressure is defined as the difference between the average
local pressure of the medium outside of the sound wave it is traveling through (at a given point
and a given time) and its pressure within the sound wave. The square of this difference is usually
averaged over time and/or space. By taking a square root of the average, you obtain a root mean
square (RMS) value.

The sound pressure perceived by the human ear is nonlinear (see also Chapter XXX [mulaw],
where this property is exploited for compression), and the range of amplitudes is rather wide.
Therefore, sound pressure is often measured as a level on a logarithmic scale, the decibel scale.
The sound pressure level (SPL) or L, is defined as:

where p is the RMS sound pressure and prer is a reference sound pressure. Commonly used refer-
ence sound pressures for silence, defined in the standard ANSI S1.1-1994, are 20 pPa (micro-
Pascal) in air and 1 pPa in water. Most sound recording equipment is calibrated to omit O-

amplitude at these levels.

The human ear does not have a flat spectral response (we discuss this in more detail later in the
chapter). That is, the same sound pressure at a different frequency will be perceived as a different
volume level. Therefore, sound pressures are often frequency weighted so the measured level
will more closely match perceived levels. The A-weighting scheme, defined by the so-called In-

ternational Electrotechnical Commission (IEC) and illustrated in Figure 1, is the most common.

3This is also one reason why dogs and cats will not react to broadcast TV the same way humans
do. Even though the squeak of a mouse can draw a cat’s attention from hundreds of meters away,

the same sound, much more intense, from an MP3 player or a TV might not interest the cat at all.
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Figure 1. Sound pressure A-weighting scheme according to IEC 61672:2003.

Sound pressure levels weighted by this scheme are usually labeled as dBA or dB(A). The terms
dB and dBA, like the percent symbol (%), define ratios rather than physical measurement units.
A value of 10 dB can refer to completely different sound pressure levels, depending on the refer-

ence.

Observed Properties of Sound

In practice, sounds do not travel exclusively in a homogenous medium from a source to exhaus-
tion. The environment is full of objects that sound can travel through or be reflected from.
Sound pressure waves can collide with each other. The resulting effects of these conditions play
a large role in the design of multimedia systems. The three most important sound effects are

echo, reverberation, and interference.

An echo is a reflection of sound, arriving at the listener some time after the original sound. Typi-
cal examples are the echo produced by the bottom of a well, by a building, or by the walls of a
closed-in room. Because most materials easily reflect sounds, echoes are always present in every
environment. The time delay is the extra distance divided by the speed of sound. The human ear
cannot distinguish an echo from the original sound if the delay is less than 1/10 of a second.

Thus, because the velocity of sound is approximately 343 meters per second at a normal room
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temperature of about 20°C, the reflecting object must be more than 16.2 meters from the sound
source at this temperature for a person at the source to hear an echo. Physics tells us, however,
that traveling requires energy. Of course this is also true for sound waves (otherwise we would be
swamped with all sounds and vibrations happening in the Universe). Therefore, for a sound wave
to travel that far back and forth it must have sufficient energy. Normal conversation, for example,

is usually below this energy threshold and no echo is perceived.
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Figure 2. Phonautograph by Edouard-Léon Scott de Martinville. (Source: Uncredited 19th
century engraving, Wikimedia Commons)

A reverberation is created when a sound is produced in an enclosed space, causing numerous
echoes to build up and then slowly decay as the environment absorbs the sound. This is most no-
ticeable to the human ear when the sound source stops but the reflections continue, decreasing in
amplitude, until they are no longer audible. Reverberation receives special consideration in the
architectural design of large chambers, which need specific reverberation times to achieve opti-
mum performance for their intended activity. Unless a room and recording equipment is specially
designed to not cause reverberation, reverberation is always present. Reverberation is also pre-

sent during the production of speech in the vocal tract. Reverberation is characterized by the re-
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verberation time, that is, the length of this sound decay. Multimedia content analysis techniques

often suffer from not accounting for reverberation, even when it is inaudible.

Interference is the superposition of two or more waves that results in a new wave pattern. It usu-
ally refers to the interaction of waves that are correlated or coherent with each other, either be-
cause they have the same source or the same or nearly the same frequency. Sound interference

causes different effects, which are described in wave propagation equations in physics.

Multimedia system designers should be aware of interference, which they can use constructively

and destructively.

Consider two waves that are in phase, with amplitudes A and A;. Their troughs and peaks line
up and the resultant wave will have amplitude A = A + A;. This is known as constructive inter-

ference.

If the two waves are 180° out of phase, one wave's crests will coincide with another wave's
troughs and so will tend to cancel each other out. The resultant amplitude is A = 1A — Aol If A =
A», the resultant amplitude will be zero. This is known as destructive interference. Audio engi-
neers and signal processing experts often use destructive interference to eliminate unwanted
sounds—for example, in noise-canceling earphones. However, this is not the same as masking
effects, which are caused by the perceptual properties of the human brain (and will be discussed
in Chapter XXX).

Recording and Reproduction of Sound

Humans have tried to accurately record sound for a long time. The first notable device that could
record sound mechanically (but could not play it back) was the phonautograph, developed in
1857 by Parisian inventor Edouard-Léon Scott de Martinville. This machine produced phonauto-
grams, the earliest known recordings of the human voice. These earliest known recordings in-
clude a dramatic reading in French of Shakespeare’s Othello and music played on a guitar and

trumpet.

Figure 2 shows a schematic of the device from the inventor’s original records. A barrel with an
opening captured the sound waves and focused them onto a membrane attached to a hog's bristle
, causing the bristle to move and allowing it to inscribe the sound onto a visual medium. Even
though this device was more an early oscillograph than a sound recording device, the concept of

the first practical sound recording and reproduction device wasn’t too different.
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Thomas A. Edison invented the mechanical phonograph cylinder in 1877 and patented it in 1878.
The recordings were initially stored on the outside surface of a strip of tinfoil wrapped around a
rotating metal cylinder. To play back the recordings, a needle ran along the cylinder, applying
less pressure than in the recording to convert the mechanical engravings into sound waves that
would be mechanically amplified. Figure 3 shows a US postage stamp featuring the device.

;’ T AT AN -
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Figure 3. Edison’s phonograph on a US postage stamp.

Not surprisingly, sound recording still obeys the same principles, with two main exceptions. The
sound waves are converted to electrical waves by a microphone, and recorded to a medium. Most
of today’s storage media is digital —that is, sound waves are converted to binary numbers before
they are imprinted on the medium. The media themselves, such as CDROM or DAT, are a bit
more sophisticated than Edison’s cylinders. Currently, generic media, such as hard disks and

flash memory, are replacing these specialized media.

The next sections explain the governing principles of modern sound processing.

Microphones

A microphone is an acoustic sensor that converts sound into an electrical signal. The general
principle is that sound pressure is inflicted on a membrane that varies its electrical resistance ac-
cording to the movement. Most current microphones use electromagnetic induction (dynamic
microphone) by letting the membrane swing a magnetic field produced by a coil, capacitance
change (condenser microphone) by letting the membrane be part of a capacitor that varies capac-
ity with movement, or piezoelectric generation (piezo crystals emit electricity when under pres-
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sure). Modern laser microphones use light modulation to produce the electric signal by “watch-

ing” the mechanical vibration.

A single dynamic membrane will not respond linearly to all audio frequencies. For this reason
some microphones use multiple membranes for the different parts of the audio spectrum and then
combine the resulting signals. The different microphone types have different electrical proper-
ties. A complete microphone also includes a housing and a means of bringing the signal from the
element to other equipment (such as wires or RF capability). These and other characteristics of
the microphone, such as diaphragm size, intended use, or orientation of the principal sound input
to the principal axis (end- or side-address), determine the properties of the recorded sound space.
This, when planning a recording, it is best to survey what is available in the market and read

vendor specifications.

W/
)

Figure 4: Four common polar patterns of microphones: (top left) omnidirectional, (top
right) cardiod, (bottom left) supercardiod, and (bottom right) shotgun (images from Wiki-
media Commons). The diagrams are created by recording a constant sound (frequency,
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intensity) from different directions and plotting the microphone response in each direc-
tions. Note, that the resulting graphs are usually frequency-dependent, therefore often an
averaged result is shown.

A microphone’s most important characteristic is its directionality, which indicates how sensitive
it is to sounds arriving at different angles around its central axis. A microphone’s directionality is
usually represented by a polar pattern showing the location of points that produce the same sig-

nal level output in the microphone if a constant sound pressure level is generated from that point.

Figure 4 shows some idealized example patterns. The patterns are considered idealized because
in the real world, polar patterns are a function of frequency. Manufacturer diagrams therefore
usually include multiple plots at different frequencies. Also, although an omnidirectional micro-
phone's response is generally considered to be a perfect sphere in three dimensions, in the real
world this is not the case. The microphone’s body is not infinitely small and, as a consequence, it
tends to get “in its own way” with respect to sound arriving from the rear, causing a slight flat-
tening of the polar response. This flattening increases as the microphone’s diameter (assuming
it's cylindrical) reaches the wavelength of the frequency in question. Therefore, the smallest-
diameter microphone will give the best omnidirectional characteristics, especially at high fre-

quencies. Different microphone properties result in different applications.

Headset and lavalier microphones are made for hands-free operation. These are small micro-
phones worn directly on the body. Originally, they were held in place with a lanyard worn around
the neck; now, they are typically fastened to clothing with a clip, pin, tape, or magnet. These di-
rected microphones allow mobile use for voice recording. They are in everyday use for video-

conferencing, personal recording, theatrical performances, and dictation applications.

A parabolic microphone uses a parabolic reflector to collect and focus sound waves onto a mi-
crophone receiver, very similar to a satellite dish. Typical uses of this microphone, which has un-
usually focused front sensitivity and can pick up sounds from many meters away, include nature
recording, outdoor sporting event recording, and eavesdropping. Because these microphones
tend to have poor low-frequency response as a side effect of their design, they are not typically
used for standard recording applications. However, machine intelligence might be able to infer

information from them (for example, in connection with a surveillance camera).

Noise-canceling microphones have a highly directional design intended for noisy environments
when direct attachment to the body is not desirable. For example, a vocalist might use this type
of microphone on a loud concert stage. Often, noise-canceling microphones combine signals re-

ceived from two membranes that are in opposite electrical polarity or are processed electroni-
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cally later. The main membrane is mounted closest to the intended source and the second is posi-
tioned farther away from the source so that it can pick up environmental sounds to be subtracted

from the main signal by destructive interference.

Arrays of omnidirectional microphones are best to pick up as much sound from the environment
as possible. These are typically used for auditory scene analysis, where objects can be located by
analyzing the time delay of arrival between microphones (due to the speed of sound). In addition,
combining the signals from a larger set of microphones can enhance the signal quality. This tech-
nique is often used in speech recognition, when head or body-mounted microphones are not de-

sirable.

The electric current output by a microphone, and possibly amplified and/or integrated with other
signals (mixed) by further equipment, is a continuous electrical signal, with the voltage directly
proportional to the sound pressure. In practice, sound recording has a linear area for certain
sound pressure levels and frequency ranges and nonlinear areas if the sound pressure and/or the
captured frequency is too low or too high. If the sound pressure level is too low, the signal will
mostly just be zero; if it is too high, it will reach an internal clipping point (which in the worst
case is a short circuit) and will be severely distorted. Even if it does not reach the clipping point,
the nonlinear behavior of sound processing devices will lead to distortion when the captured sig-
nal is outside the nonlinear scope. This is referred to as the signal being overdriven. When the
signal is outside the recording device’s linear frequency range, harmonic distortion is introduced.
For example, a sine curve might be converted into a much less regularly shaped signal. Figure 5

shows an example.

—— e,

Figure 5. The diagrams on the left show the behavior of an amplifier, the curves on the
right show the results for different input signal shapes. Top: Linear behavior, original sig-
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nal, second row: typical analog behavior and distorted signal due to overdrive, bottom:
typical digitization behavior and distorted signal from clipping.

A microphone’s output is usually amplified using an analog amplifier before it is digitized. Some
microphones already output a digital signal directly as standardized by the so-called AES 42

standard.

Even if standardized, all sound processing devices have slightly different linear ranges. Sound
cables, especially when very long, can also inhibit certain frequencies and, because they often
work as “involuntary antennas,” might introduce electric distortion from the outside, the most
current one being a “buzz” from the 50 Hz/60 Hz electrical system. Then, recording media, such
as old vinyl records or audio cassettes, introduce their own nonlinearities and the effects stack up
with each copy made. Therefore, in the last two decades, sound processing has shifted from ana-
log to digital. At the time of this writing, many microphones, mixers, and pre-amplifiers are still
analog, but storage and processing is digital. With standards such as AES 42 growing increas-

ingly popular, digitization will soon become a much earlier part of the processing chain.

Due to the Nyquist limit and because the maximum frequency perceptible by the human auditory
system is about 22 kHz, compact discs sample at 44 kHz. Human speech, which usually peaks
between 6 and 8 kHz, is considered completely represented by a 16-kHz sampling frequency.
Professional audio recording equipment frequently use sampling frequencies about 44 kHz, such
as 48 kHz and 96 kHz. If the analog equipment supports it, these devices can capture frequencies
that are imperceptible by the human ear, allowing for better reproduction of overtones. Further

processing, such as digital filters and machine learning, might use the higher frequencies too .

Reproduction of Sound

Up to this point, we have assumed the existence of a sound signal. This assumption is generally a
safe one, because sound pressure levels can be measured virtually anywhere on earth. However,
reproducing sound from storage requires special devices. The most common sound reproduction

device is the loudspeaker.

A loudspeaker (or speaker) is the exact reverse of a microphone. A speaker is an electroacoustic
transducer that converts an electrical signal into sound. The speaker pulses according to the
variations of an electrical signal and causes sound waves to propagate through a medium such as
air or water. A speaker usually consists of a membrane that is driven back and forth and made to
oscillate using an electrical-to-mechanical force converter, such as an electromagnet or a piezo

crystal. This core part is typically called the driver. The term “loudspeaker” can therefore refer to
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individual drivers or to an integrated system of drivers in an enclosure. The role of the enclosure,
apart from providing a place to mount the drivers, is to prevent sound waves emanating from the
back of a driver from interfering destructively (that is, by causing cancellation) with those from

the front.

To adequately reproduce a wide range of frequencies, most speakers require a combination of
drivers with different properties. Each individual driver is then used to reproduce a different fre-
quency range. Common driver types include subwoofers (very low frequencies, typically below
120 Hz), woofers (low frequencies), mid-range speakers (middle frequencies), tweeters (high
frequencies), and sometimes supertweeters, which are optimized for the highest audible frequen-
cies. In systems using multiple drivers, a network of electrical filters, called a crossover, sepa-
rates the incoming signal into different frequency ranges and routes them to the appropriate
driver. A speaker system with n separate frequency bands is called an n-way speaker. Typical
home audio devices have a three-way speaker system, consisting of a woofer, a mid-range

speaker, and a tweeter.

Like microphones, speakers have directionality —that is, their frequency (re)production proper-
ties vary in space. Figure 8 shows the directionality of a typical column-shaper home audio sys-

tem speaker.
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Figure 8. Polar patterns of a typical home speaker system consisting of four drivers at dif-
ferent frequencies. (Source: Wikimedia Commons)

Needless to say, speakers are designed with different directionality for different applications (for
example, car speakers have a different polar pattern than supermarket speakers used for making

announcements). Other factors that determine a speaker’s properties are

e the rated power, which determines the maximum input a speaker can take before it is de-
stroyed;

e the maximum sound pressure level (SPL), which defines how much sound pressure the
speaker can emit;

o the impedance, which determines the electrical compatibility with different amplifiers;

o the crossover frequencies, which define the nominal frequency boundaries of the signal
division by the drivers; and

o the frequency range, which determines the speaker system’s linear frequency response
range.

The enclosure type determines some of the loudspeakers’ perceptual properties. Another impor-

tant factor for sound reproduction quality is the relationship between the number of channels
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used (for example, two four, or six), how they have been encoded (for example, stereo or sur-

round), and how the speakers are placed in the room when reproducing sound.

Speakers and microphones are the most variable elements in terms of perceived sound quality.
Except for lossy compression, they are responsible for most of the distortion and audible differ-
ences in sound systems. Our practical advice to the reader is to use high-quality headphones

when experimenting with sound algorithms.

Index Terms

sound,

Exercises

1. How many dBs are 50%, 1%, 0.01%, and 200%? How many dBs can be stored in 16 bits, 24
bits, and 32 bits?

2. List the factors that would influence echo and reverberation in a lecture hall.

3. You are a researcher on a project that requires you to make frequent sound recordings. Unfor-
tunately, your officemate needs to have a very noisy server farm standing beside him. Given
no social rules or limitations, what would be the best thing to do to isolate the noise?

4. Discuss what would be the best directionality for a microphone that is used for field studies
where you interview people in noisy environments.

5. Explain the artifacts you would expect from a microphone/loudspeaker that is forced to
record/play sound both (a) outside its frequency range, and (b) outside its amplitude range.

6. Assume you want to record a classroom seminar with many participants. What environmental
noise would you expect?

7. When a signal is received by a microphone, it is amplified and passed out of a loudspeaker.
The sound from the loudspeaker might be received by the microphone again, amplified fur-
ther, and then passed out through the loudspeaker again. The effect is known as Larsen effect
or, more colloquially, as the feedback loop. Describe what happens and what the signal looks
like.
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Chapter 5: Production of Speech and Music

Sound creation tools are very sophisticated and create signals with unique and interesting proper-
ties on the signal level. These properties are widely exploited on many levels in multimedia
computing when compressing, editing, and analyzing sounds. We therefore did dedicate this
short Chapter to it where we summarize the most salient properties of signals coming out of mu-
sic and speech production. Needless to say, it would be easy to write a book about even only a
single musical instrument, therefore this chapter can only convey a top-down view from the tip

of the iceberg (with many many details staying unnoticed below the water line).

Production of Speech

The production of random noise is relatively easy, but modulating sound in a way suitable for
communication requires sophisticated apparatus. Although humans are not the only species to
produce sophisticated sounds, they seem to have developed the most sophisticated expressive-

ness.

The frequency range of speech is between 80 Hz and about 5 kHz. The pitch of the human voice
is between 120 and 160 Hz for adult males and between 220 and 330 Hz for women and chil-
dren. Vowels can reach frequencies up to about 5 kHz. Sibilants emit the highest frequencies,
which can easily reach the nonaudible spectrum (above 20 kHz). The frequency dynamics of
speech are relatively high compared to many other sound sources, such as some musical instru-
ments. In general, the volume of the human voice is limited to the sound energy the human body
can produce. At 60 centimeters from the mouth, the human voice can typically reach a sound
volume of about 60 dBA. A stronger voice can raise the volume by about 6 dB. Yelling measures
about 76 dBA (males) and 68 dBA (females).

The articulatory phonetics field, a branch of linguistics, investigates how sounds are produced by
the tongue, lips, jaw, and other speech organs. As already explained, sound is pressure waves
traveling through air. Therefore, human speech is directly connected to the body’s respiratory
system. Almost all speech organs have additional functions. In addition, of course, different
speech organs have more than one function in speech production, and, to make matters even
more complex, the same sounds can be produced by different combinations of organs. Figure 1

shows a schematic of the human speech production apparatus.
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Figure 1. A schematic of the human speech production apparatus. (Source: National Can-
cer Institute)

Speech sounds are usually classified as
e stop consonants (with blocked airflow, such as the English pronunciation of “p,
“K),
e fricative consonants (with partially blocked and therefore strongly turbulent airflow, such
as the English “f” or “v”),
e approximants (with only slight turbulence, such as the English “w” and “r”), and

TSR LTI T]

o vowels (with full unimpeded airflow, such as the English “a,” “e,” “i,” and “0”).

» cp 9
t

or

Other classes exist and there is variation among languages, in Mandarin for example tonality de-
termines meaning. Vowels are usually classified into monophtongs, having a single vowel qual-
ity; and diphtongs, which manifest a clear change in quality from start to end as in the words

bite, bate, or boat.

Consonants and vowels are the building blocks of speech. Linguists refer to these building
blocks as phonemes. American English has 41 phonemes, although the number varies according
to the speaker’s dialect and the system that the linguist doing the classification uses. A phoneme’s
concrete pronunciation depends on the previous and the following uttered speech sounds. It also
depends on the type of speech (for example, whispering versus screaming) and the speaker’s
emotional state, as well as the anatomy of the throat, age, native language and dialect, and social
and environmental surroundings. Diseases of the lungs or the vocal cords and articulatory prob-
lems, such as stuttering, lisping, and cleft palate, all affect the sound and clarity of speech. In
other words, the actual frequency pattern of a specific uttered consonant or vowel has a large

variance.

G. Friedland, R. Jain Introduction to Multimedia Computing

66



Environmental effects and the brain processing input from other modalities, such as sight or
touch, can greatly affect speech. This Lombard effect describes an involuntary tendency to in-
crease volume, change pitch, or adjust duration and sound of syllables in response to external
noise. This compensation effect increases the auditory signal-to-noise ratio of the speaker’s spo-
ken words. This is one reason why automatic speech recognition algorithms trained in a quiet
environment are difficult to transform to noisy environments. For example, an algorithm trained

in a developer’s cubicle will rarely work in a car.

The spectrogram (see Figure 2) is a standard tool for visualizing and further analyzing sound pat-
terns. A spectrogram is an image that shows how a signal’s spectral density varies with ti-

me—that is, it shows the distribution of the energies in different frequency bands in time.

Figure 2. A spectrogram of a male voice saying: “nineteenth century.” The yellow bands of
energy are the formants. (Source: Wikimedia commons)

Each phoneme is distinguished by its own unique pattern in the spectrogram. For voiced pho-
nemes, the signature involves large concentrations of energy, the formants. Formant values vary
widely from person to person. So, reading a spectrogram mainly means recognizing patterns that
are independent of particular frequencies and identify the various phonemes with a high degree

of reliability.

Relatively static formants are found in the monophthong vowels and the nasals; formants that are
more variable over time are found in the diphthong vowels and the approximants. The

monophthong vowels, which have the strongest and most stable formants, can usually be easily
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distinguished by the frequency values of the first two or three formants, which are called F1, F2,
and F3. Depending on the phoneme, F1 varies from about 300 to 1,000 Hz, F2 from 850 to 2,500
Hz, and F3 from 2,300 to 3,000 Hz. Higher formants such as F4 and F5 are no longer used for
communication, but are indicative of the speaker’s voice. As a result of the low bandwidth and
the Nyquist theorem, F4 and F5 are usually lost in telephone speech, as are many of the speak-

ers’ individual voice characteristics.

Unvoiced speech sounds are not usually said to have formants. Still, plosives are usually recog-
nized as a great burst of energy across all frequencies occurring after a short relative silence. As-
pirates and fricatives are recognized as “large clouds” of smooth energy along both the time and

frequency axes.

Properties of Human Created Sounds
From a technical perspective, normal, conversational speech differs from general acoustics in the

following ways:

Limited bandwidth: The spectrum and clearness (harmonicity) of the human voice varies with
age, gender, and also with the language spoken. While the audible spectrum of sounds is about
between 16Hz and 22kHz, speech as generated by humans usually does not go below 80Hz and
does not exceed 5kHz. Differences from this general rule might exist when examining individu-
als. However, it is generally assumed that speech sounds below 80Hz in adult males and below
100Hz in women and children are disregarded by the human ear. The pitch of the human voice is
between 120 and 160Hz for adult males and between 220 and 330 Hz for women and children.
Vowels, are most important for the intelligibility of speech, they can reach frequencies up to
S5kHz. The highest, frequencies are emitted by sibilants, such as “s” or “f”. The frequencies can
easily reach into the non-audible spectrum (above 20kHz). Consequently, to capture the whole
frequency range of language a 16kHz sampling rate is currently the gold standard, which as of
the Nyquest theorem, guarantees the reproducibility of 8kHz. Telephone systems usually use
8kHz, which allows the reproduction of a signal up to 4kHz. This still allows to capture most of
the vowels, but consonants and sibilants are only understandable in context. This is why spelling
on the phone usually has to be performed in whole words “Alpha”, “Beta”, “Charlie” rather than

o9 ey o9
a”,“b”, “c”.

Limited volume: The dynamic of speech is relatively high compared to many other sounds
sources, such as some musical instruments, however, in general the volume of human voice is
limited to the sound energy the human body can produce. Motorbikes or gun shots can produce a

much higher energy level, for example. In a 60 cm distance from the mouth, the typical sound
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volume of the human voice is about 60dBA. A stronger voice can raise the volume by about 6dB.
Yelling measures about 76dBA (males) and 68dBA (females). The sound volume is reduced by
about 4dB every time the distance to the microphone is doubled or increased by 4dB when the
distance is halved. In general, 16bits per sample are used to represent the dynamics of speech

completely. However, so-called plosives like “p” or “t” can easily cause clipping, even with a

well-defined capturing environment.

Limited variance in harmonicity: In contrast to generic audio, speech usually has a certain char-
acteristics governed by the underlying language. This is similar to instruments: A violin for ex-
ample almost exclusively generated harmonic sounds, while a drum almost exclusively generates
inharmonic sounds. Languages usually dictate a certain ratio between vowels and consonants,
which translates into a constant ratio of voiced and unvoiced sounds. So, when the language is
known, this characteristics can for example be exploited in a predictive coder (see Chapter
XXX). In general, the properties of the governing language will also have an impact on the ex-

pected dynamics and frequency range of the uttered speech.

It is important to remind ourselves at this point that the human vocal tract can create much more
sounds than would generally be classified as speech. Apart from noise imitations (have you never
tried to meouw back to a cat?), the most important one is singing. If you ever try to sing into a
cellphone, you will notice that the quality isn’t really as good compared to regular speech. This is
because the methods used in cell phones assume normal, conversational speech, as will be ex-
plained in Chapter XXX. Also, the classification “normal” and “conversational” is important be-
cause human speech can differ significantly in other situations, such as in emotional states of an-
ger, happiness, or enragement. Whispering is a yet different form of speech produced by humans
that has very distinct properties, as has yelling. The properties of the human voice also changes
with health states, such as Alzheimer disease, drug influence, or simply a stuffy nose will change
different characteristics of speech. Also, as the anatomy of the vocal tract changes, so does the
produced speech. Speech signals can therefore be used to not only identify speakers but also to

determine the age or the height of a speaker (see references).

Production of Music

Researchers have discovered archaeological evidence of musical instruments dating as far back
as 37,000 years ago. The building and use of musical instruments vary with history and culture
as do the sounds that these instruments produce and the musicians playing them. For multimedia

computing, we are interested in determining instruments’ general properties so we can leverage
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them for compressing audio, detecting instruments, and manipulating or artificially synthesizing

recordings.

The fundamental frequency, abbreviated as fo or Fo (speak: f-zero), is the inverse of a period
length of a periodic signal. Pitch represents a sound’s perceived fundamental frequency. Al-
though the fundamental frequency can be precisely determined through physical measurement, it
might differ from the perceived pitch because of overtones. An overtone is either a harmonic or
partial (nonharmonic) resonance. In most musical instruments, the frequencies of these tones are
close to the harmonics. The harmonic of a wave is a component frequency of the signal that is an
integer multiple of the fundamental frequency. For example, when the fundamental frequency is
f, the harmonics have frequencies f, 2f, 3f, 4f, and so on. The most important property of the
harmonics is that they are all periodic at the fundamental frequency. In other words, the sum of

the harmonics is also periodic at that frequency.

Timbre describes the quality of sound that distinguishes different types of sound production, such
as different musical instruments. The frequency spectrum and time envelope are two physical

characteristics of sound that mediate the perception of timbre.

Spectrum is the sum of the distinct frequencies emitted by an instrument playing a particular
note, with the strongest frequency being the fundamental frequency. When an instrument plays a
tuning note (for example A = 440 Hz), the emerging sound is a combination of frequency com-
ponents, including 440 Hz, 880 Hz, 1,320 Hz, and 1,760 Hz (harmonics), and some partials. The
relative amplitudes of these different spectral components is responsible for each instrument’s

characteristic sound.

The model typically used to describe a timbre’s time envelope divides sound development into
four stages: attack (the time from when the sound is activated to its reaching full amplitude), de-
cay (the time the sound needs to drop from maximum amplitude to sustain level), sustain (the
volume level the sound is at until the note is released), and release (the time needed for the sound
to fade when the note ends). This is also known as the ADSR envelope. Psychoacoustics uses the

word tone quality and tone color as synonyms for timbre.

The three main categories of musical instruments in the western world are string, wind, and per-
cussion. A string instrument, such as a violin or a guitar, produces sound by vibrating strings. The
strings’ vibrations have the form of standing waves that produce a single fundamental frequency
(pitch) and all harmonics of that fundamental frequency simultaneously. These frequencies de-

pend on the string’s tension, mass, and length. The harmonics make the sound timbre fuller and
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richer than the fundamental alone. The particular mix of harmonics present depends on the
method of excitation of the string, such as bowing or strumming, as does the timbre. The sound

timbre is also significantly affected by resonances in the body of the instrument itself.

A wind instrument contains some type of resonator, usually a tube, in which a column of air is
set into vibration by the musician blowing into the end of the resonator. The length of the tube
determines the vibration’s pitch. The length is usually varied artificially by manual modifications
of the effective length of the vibrating column of air—for example, by covering or uncovering
holes in the tube. The sound wave travels down the tube, reflects at one end, and comes back. It
then reflects at the other end and starts over again. For a note in the flute’s lowest register, for
example, the round trip constitutes one cycle of the vibration. The longer the tube, the longer the

time taken for the round trip, and so the lower the frequency.

A percussion instrument produces sound by being hit, shaken, rubbed, scraped, or any other ac-
tion that sets it into vibration directly. The acoustics of percussion instruments is the most com-
plex because most percussion instruments vibrate in rather complex ways. In general, at low-to-
medium amplitudes, their vibrations can be conveniently described by the terms introduced in
this chapter. At large amplitude, however, they might show distinctly nonlinear or chaotic behav-
ior. Percussion instruments have the highest variance in frequency and amplitude range and are

therefore the most difficult to process.

Many musical pieces contain a mixture of instruments, including human voices. Once mixed,
separating the individual instruments would require an adequate model of each instrument’s be-
havior in its environment and with the recording equipment used. For this reason, music is not
only recorded and digitized but also saved in a note-like format, called MIDI, that defines a pro-
tocol to control electronic instruments. Electronic instruments have long tried to mimic tradi-

tional ones through a process called music synthesis, which we briefly describe next.

Synthesis of Sound

The artificial generation of speech and music is called synthesis. The first music synthesizers date
back to 1876. Then, as today, the main goal was not necessarily to correctly imitate a physical
musical instrument. Often, the goal was to create new sounds of artistic value. The difficulty and
complexity of exact simulation of a real instrument depends of course on that instrument’s prop-
erties. It’s easier to simulate a flute than a piano or an organ. It’s not unusual for algorithms to be
invented for a particular subtype of instrument. In general though, modern music synthesis is
performed by physical modeling of the instrument as well as incorporating original samples of

the instrument—the wavetables.
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Research has recently converged to apply these synthesis techniques to speech. Synthesized
speech is often created by concatenating pieces of recorded speech from a database, so-called
concatenative synthesis. Systems currently differ in the size of the stored speech units. A system
that stores phones or tuples of phones (diphones) provides the largest range of possible synthe-
sized output but might lack clarity and naturalness in the produced voice. Trading off this output
range for usage in a specific applications, the storage of entire words or even sentences allows
for higher quality output but the lowest range of possible outputs. The database is usually com-
bined with a model of the vocal tract (such as LPC, see chapter XXX) and other human voice
characteristics to create a completely synthetic voice output. This concept of adaptive concatena-

tive sound synthesis is the same as for both speech and music synthesis.

Index Terms

speech,

Exercises

1. Which differences would you expect to see in a spectrogram between male and female speak-
ers? Which would you expect to see between younger and older speakers?

2. What is the typical spectrogram of a flute, a violin, or a drum?

3. Implement an ADSR envelop filter and play around with it. Apply it to different sounds and
waveforms, including noise.
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Neck anatomy: http://training.seer.cancer.gov/head-neck/anatomy/overview.html
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Chapter 6: Light and Vision

Light is one of the most basic phenomena in the universe. The first words in the Bible are, “Let
there be light!” A large chunk of the human brain is dedicated to translating the light reflected off
objects and onto our retinas to form an image of our surroundings. As already discussed in Chap-
ter 2, many human innovations have evolved around people capturing and storing that image,
mostly because of it’s use for communication purposes: First were the Stone Age cave painters,
they were followed by the painters and sculptors of the Middle Ages and the Renaissance, then
came photography, film, and digital storage of movies and photographs. Most recently, a com-
puter science discipline evolved around computer-based interpretation of images, called com-

puter vision. More on that later on.

In this chapter, we introduce the basic properties of light and discuss how it is stored and repro-
duced. We discuss basic image processing and introductory computer vision techniques in later

chapters.

What Is Light?

Unlike sound, which is clearly defined as a wave with a certain frequency traveling through mat-
ter (see Chapter XXX), physicists recognize that light has both wave and particle properties. It is
beyond the scope of this book to discuss the nature of light in depth. We therefore define light as

the portion of electromagnetic radiation that is visible to the human eye.

Visible light has a wavelength of about 400 to 780 nanometers, which corresponds to a frequency
of 405 to 790 terahertz (THz). The adjacent frequencies of infrared on the lower end and ultra-
violet on the higher end are still called light, even though they are not visible to the human eye.
Note that infrared light is usually captured by digital cameras unless filtered out. The traveling
speed of light in a vacuum is one of the fundamental constants of nature, as it is the fastest speed
observable at 299,792,458 meters per second. In addition to frequency or wavelength and speed,
light’s primary measurable properties are intensity, propagation direction, polarization, and

phase.

The phase is the fraction of a wave cycle that has elapsed relative to an arbitrary point. One can

use filters to manipulate the phase to change the appearance of light.

Polarization describes the light waves’ orientation. All electromagnetic waves, including light
and gravitational waves, can exhibit polarization. Sound waves in a gas or liquid do not have po-

larization because vibration and propagation move in the same direction. If the orientation of the
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electric fields produced by the light emitters are not correlated, the light is said to be unpolarized.
However, if there is at least partial correlation between the emitters, the light is partially polar-
ized. You can then describe the light in terms of the degree of polarization. One can build filters
that only allow light of a certain degree and angle of polarization, an effect that is often used in
3D vision. A pair of 3D glasses will often have filters for the left and the right eye that allow dif-
ferent polarized light to go through for each eye so the two eyes see images with slightly differ-

ent disparity. More on that later.

Light intensity is measured in three units: candela, lumen and lux. The candela (cd) measures
luminous intensity, which is defined as power emitted by a light source in a particular direction,
weighted by the luminosity function—a standardized model of the sensitivity of the human eye
to different wavelengths. Figure 1 illustrates this function (see also work by //refs?//). The unit is
derived from the light emitted by a common candle (hence its name). A typical candle emits light
with a luminous intensity of roughly one candela. The physical definition is as follows: The can-
dela is the luminous intensity, in a given direction, of a source that emits monochromatic radia-
tion of frequency 540 x 102 hertz and has a radiant intensity in that direction of Y4s3 watt per ste-
radian. A 100-W incandescent lightbulb emits about 120 cd.
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Figure 1. This graph shows different luminosity functions describing the sensitivity of the

human eye to light of different wavelengths. Several luminosity functions are currently in

use (see references) as measuring luminosity is still a matter of research. The dotted line is
the most currently accepted luminosity function from 2005.

The lumen (Im) is the unit of luminous flux, i.e. total light emitted by an object. The lumen is

defined in relation to the candela as

1im =1 cd-sr

Because a full sphere has a solid angle of 4-7 steradians, a light source that uniformly radiates
one candela in all directions has a total luminous flux of 1 cd-4m sr = 4 = 12.57 lumens. The
light output of video projectors is typically measured in lumens. The America National Standards

Institute (ANSI) standardized a procedure for measuring the light output of video projectors,
which is why many projectors are currently sold as having a certain amount of “ANSI lumens”

even though ANSI did not redefine lumen as a physical unit.
Lux (Ix) is the physical unit of illuminance and luminous emittance measuring luminous power

per area. The unit is equivalent to watts per m? (power per area) but with the power at each
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wavelength weighted by the luminosity function (see Figure 1). We can convert lux, lumen, and

candela into each other using the following equation:
llx=1lm/m2=1cd"sr-m-2.

A full moon overhead at tropical latitudes emits about 1 Ix of light. Office lighting usually ranges
from 320 to 500 1x, and TV studio lighting is at 1,000 1x. Inside the visible frequency range, hu-
mans can see as little as one photon in the dark, yet a person’s eyes can be open in a desert at
noon with the sun exerting up to 130,000 1x. This is an incredible adjustment that current human-

made light sensors rarely can match!

Observed Properties of Light

Like sound, light exhibits properties while traveling through space. In addition, light rarely trav-
els exclusively in a homogenous medium from a source to exhaustion. For example, lenses are
typically used in recording. Moreover, the environment is full of objects that can absorb,
dampen, or reflect light. Especially out-of-doors, other light sources might appear and collide
with the light waves in question. Again, the resulting effects of these conditions must be consid-
ered when designing multimedia systems. For practical purposes, however, environmental condi-

tions have a lesser impact on sound waves than on light waves.

Reflection of light is simply the bouncing of light waves from an object back toward the light’s
source or other directions. Energy is often absorbed from the light (and converted into heat or
other forms) when the light reflects off an object, so the reflected light might have slightly differ-
ent properties because it might have lost intensity, shifted in frequency, polarization, and so on.
Solid objects, such as a concrete wall, usually absorb light—Ilight waves cannot travel through
these objects. On the other extreme, when light can travel through an object seemingly un-
changed, the object is called fransparent. Detecting transparent objects is probably one of the

most challenging tasks in vision, including computer vision.

The most important effect observed when light passes through a transparent object is refraction.
Refraction is the “bending” of light rays when they pass through a surface between one transpar-
ent material and another. When a beam of light crosses the boundary between two different me-
dia (including a vacuum), the light’s wavelength changes, but the frequency remains constant. If
the beam of light does not cross the boundary in an orthogonal angle, the change in wavelength
results in a change in the beam’s direction, or refraction. Refraction can be observed in everyday
examples, such as when trying to grab a fish in an aquarium or observing a “bending” straw in a

glass of water.
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The study of light and its interaction with matter is called optics. Because this book is on multi-

media computing, we cannot discuss light and optics exhaustively.

A common phenomena sometimes neglected but also sometimes hated by multimedia research-
ers is lens distortion. In a lens, a straight light beam hits a transparent object from varying angles,
so the refraction also varies. The image that is projected through the lens is therefore also dis-

torted. Figure 2 shows some typical distortions.

showing the distortion created by wine glasses (picture by Atoma, creative commons li-
cense, needs to be contacted)

Correcting lens distortion can be difficult. Distortion can sometimes be corrected through cali-
bration—that is, by projecting a well-defined object onto the lens (such as a grid, as shown in
Figure 1) and calculating a correction function between the actual image and the distorted image.

Often, however, you will only have the projected image, making distortion hard to correct.

Recording Light

Cameras store and reproduce light as images and video. The term “camera” comes from the
Latin camera obscura (“dark chamber”), an early mechanism that could project light but could
not store images (see Figure 3). The device consists of a box (which can be the size of a room)
with a hole in one side. Light from an external scene passes through the hole and strikes a sur-
face inside where it is reproduced, upside-down, but with both color and perspective preserved.
In a modern camera, the image is projected onto a light-sensitive memory. At first this memory
was light-sensitive chemical plates, later it became chemical film, and now it is photosensitive

electronics that can record images in a digital format.

G. Friedland, R. Jain Introduction to Multimedia Computing




Figure 3. Historical drawings of a camera obscura often used for paintings.

Early photographic plates consisted of a glass plate covered with light-sensitive emulsions of sil-
ver salts. The salts turned light when exposed to light, leaving a gray-toned photograph behind.
Photographic plates largely disappeared from the consumer market in the early 20th century,
when more convenient and less fragile films were introduced. However, the professional astro-
nomical community, which had good use for material that responds to very little light, especially
in large-format frames for wide-field imaging, continued to use the plates until digital photogra-
phy arrived. A chemical process converted the negative images to positive images, which are eas-

ier for the human eye to interpret—that is, light impact on the material creates a dark color stain.

Photographic film is a sheet of plastic coated with an emulsion of light-sensitive silver halide
salts with variable crystal sizes that determine the film’s sensitivity, contrast, and resolution.
Contrary to the popular belief that you can zoom in arbitrarily into analog film because there are

no pixels, analog pictures have a maximum resolution, albeit usually much higher than current
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digital images. When the emulsion is sufficiently exposed to light (that is, intense enough light
for a long enough time) or other forms of electromagnetic radiation such as x-rays, it forms an
invisible image. Chemical processes can then be applied to the film to create a visible image.

This process is called film developing.

Black-and-white photographic film usually has one layer of silver salts. Color film uses at least
three layers. Today’s films usually have many more. Dyes, absorbing to the surface of the silver
salts, make the crystals sensitive to different colors. Film speed is a critical property of analog
film. Despite its name, film speed is not a velocity. Rather, it describes a film’s sensitivity to light
exposure. The most common standardized film speed is the ISO rating. Consumer-rated films are
usually labelled with ISO 100, 200, 400, or 800, where a lower number determines longer times
the film must be exposed to light for a proper photograph. The speed is determined by a ratio of
the optical density of the material and the logarithm of the exposure time. The logarithm is taken
because film material usually reacts nonlinearly to light exposure—the reason that many profes-
sional digital cinematographic multimedia file formats still use a logarithmic sampling scale. Re-
cording movies on chemical film usually requires taking 25 images or more per second. Of
course, you must use a film with the appropriate film speed, which makes recording movies in
darker light more difficult. It’s also why cinematographic filming generally requires more sophis-

ticated lighting than photography.

Today, most photos are recorded electronically. Digital cameras follow the original camera ob-
scura principle, but instead of a chemical reaction on a plate or a film, a physical reaction occurs
in an electrical photovoltaic element, typically a charge-coupled device (CCD) sensor chip. So,
in other words, a modern camera is a visual sensor that converts light into an electrical signal. As
with regular films, there is a maximum granularity, which in digital cameras is defined by the
number of photoelectric sensors. Each sensor creates one picture element (also known as a
pixel). The number of pixels is usually given as the maximum granularity of a picture, which in

the digital world is called resolution.

Typical photo cameras have a resolution of several megapixels (millions of pixels). Resolutions
of the resulting image are usually specified as XxY axis resolution—for example, 1,024 x 768 or
1,280 x 1,024. Although this might change in the future, todays’ digital cameras don’t have the
memory to store images by representing each pixel directly as a sensor value. Therefore, images
are usually compressed by applying spectral compression (see Chapter XXX). JPEG format, for
example, uses this type of compression. Uncompressed images (or raw images) are rare but

sometimes needed for content analysis (see Chapter XXX) and for editing high-quality images.
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Figure 4. Anaglyph 3D photograph viewable with red/green glasses. If you are viewing this
photo on a computer screen and the 3D effect does not work, adjust your display settings to
match the filters in your glasses. THIS Photo must be PRINTED in COLOR!

Video cameras have recorded light electrically for a longer time. TV cameras have evolved as
analog devices, storing the electrical changes on the CCD sensors on magnetic tapes and trans-
mitting them through the air using analog radio waves. Video cameras also record sound at the
same time, as we describe in Chapter XXX. For many years, cinematic cameras continued to use
chemical film (usually 35-mm film) because TV cameras only delivered images with very small
resolutions not suitable for the “big screen.” Typical TV resolutions were PAL (Phase Alternating
Line), SECAM (Sequential Color with Memory, with 720 x 576 analog picture elements), and
NTSC (National Television System Committee, with 640 x 486 analog picture elements). These
formats’ color encodings differ, as we discuss later in this chapter.

The introduction of digital video cameras not only made the photographic and the videographic
worlds converge, it also allowed videos to be recorded at much higher resolutions, especially be-
cause image compression methods could be modified to support moving pictures. Modern cam-
eras store videos in a compressed format, such as MPEG (see Chapter XXX). The resolution of
digital photo and video cameras increases constantly. As we write this book, photo cameras with

up to 32 megapixels and videocameras with up to 16 megapixels are on the market.
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Although photographic and cinematographic recordings can only be performed as a projection
onto a surface, the resulting images do not have to be flat (that is, 2D). Of course, actual reflec-
tion in space is 3D and humans can perceive the distances between objects in space three-
dimensionally. The desire to capture scenes with depth is relatively old; the first commercial 3D
photo cameras date back to 1947. The stereo camera is the predominant technology for capturing
3D images. A stereo camera has two (or more) lenses and a separate photographic sensor (of
film) for each length. This allows the camera to simulate human two-eyed vision, which is the
basis for depth perception. The distance between the lenses in a typical stereo camera (the intra-
axial distance) is usually the distance between a human’s eyes (the intra-ocular distance), which
is about 6.35 cm. However, a greater intercamera distance can produce pictures where the three-
dimensionality is perceived as more extreme. This technique works with both images and mov-
ies, as long as images are kept separate and only one eye is exposed to each image. Therefore, for
watching a 3D movie, viewers usually wear polarizing or red/cyan filter glasses (the anaglyph
technique). These glasses separate the two images by superimposing them through two filters,
one red and one cyan, or two polarizing filters. Glasses with colored/polarizing filters in each eye
separate the appropriate images by canceling the filter color/polarization out and rendering the
complementary color/polarization black. Although other technologies exist to create 3D projec-
tion, including autostereoscopic methods that do not require glasses, these two techniques are

predominant as we write this chapter. Figure 4 shows an example of a 3D photography.
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Figure 5. Left: Two objects reflect amplitude-modulated infrared light. Object A reflects
more light than object B because at the point in time when the photons hit object A, they
were emitted with maximum light intensity. The photons that hit object B at the same time
were emitted before those that hit A, with lower intensity. Right: We can calculate the ac-
tual distance by measuring the phase shift between the emitted and the reflected light. If
the distance of the reflecting object is 0, the two curves have no phase shift. The farther
away the object is, the greater the phase shift.
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Most importantly, these techniques aim at human perception and require the human brain to “de-
code” the stereoscopic image. Computing the depth encoded in a stereoscopic image is still an
open research area (compare references). Therefore, different devices that try to estimate depth
information in a way that it is directly available to a computer are currently under development.
One of these technologies, the time-of-flight camera, works similarly to radar. It consists of an
amplitude-modulated infrared light source and a sensor field that measures the intensity of back-

scattered infrared light. The infrared source constantly emits light that varies sinusoidally.

In Figure 5, object A reflects almost the maximum intensity whereas object B, being further from
the camera, reflects less light. This is because at any specific moment, different parts of the sinus
wave reach the objects. When the incoming light hits an object, it is compared to the sinusoidal
reference signal, which triggers the outgoing infrared light. The phase shift of the outgoing ver-
sus the incoming sinus wave is then proportional to the time of flight of the light reflected by a
distant object. Thus, by measuring the incoming light’s intensity, the phase-shift can be calcu-
lated and the cameras can determine the distance of a remote object that reflects infrared light.
The output of the cameras consists of depth images and a conventional low- resolution gray-scale
video as a byproduct. Although the idea is promising, current technological realizations still face
problems with artifacts caused by quickly moving objects, light scattering, background illumina-
tion, or the measurement’s nonlinearity. Last but not least, time-of-flight cameras still require a
larger budget than regular cameras. Also, the reproduction of a time-of-flight recording in 3D is
not straightforward.

Reproducing Light

There are two main methods for reproducing a specific light pattern:

Subtractive methods rely on intensity variations of the reflection of ambient light and do not
work when no light is present. Paper, for example, reflects patterns differently once it has been

modified by ink or toner.

Additive methods work with active light sources that are mixed together. The most common ex-
ample is the cathode ray tube (CRT) display in a TV, as we explain next.

Photographic plates and film rely on light reflection for reproducing light, sometimes with help
from a projector with a powerful light bulb—for example, for movies or transparencies shown to
a larger audience. However, recording light electrically allows for an active reproduction using

light sources.
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As mentioned earlier, the first electronic storage and transmission of light was through TV
equipment. As a result, the TV was the first technology for reproducing (moving) images electri-
cally. Although TVs debuted in the late 1920s, television really took off in the 1940s after World
War II. These TVs adopted CRT technology, which was invented by German Telefunken in 1934.
A CRT is a vacuum tube with a source of electrons projected onto a fluorescent screen. The fluo-
rescent material on the screen reflects light when hit by the electron beam. The beam is con-
trolled by an electromagnetic field that accelerates and/or deflects the beam to control its impact
on the fluorescent surface, thereby controlling the amount of reflection, and forming a grayscale
image. Color TV, which was not widely available until the 1970s, uses a CRT with three phos-
phors, each emitting red, green, or blue light. The reflective phosphors are packed in clusters
called triads. Roughly speaking, one triad corresponds to one color pixel. CRTs use red, green,
and blue most perceivable colors can be created using different strengths of these three colors.
Modern graphic cards and displays still use the RGB triad, even though the eye’s perception of

light uses different base frequencies.

One important characteristic of CRT triodes is the gamma, a nonlinear function between applied
voltage of the electron gun and light intensity in the reflection. The nonlinearity of the image re-
sponse often results in artifacts that are perceived as image distortions, especially in dark images.

Therefore, a gamma-correction function is often applied to help normalize the perceived image.

Two other important CRT characteristics are its vertical and horizontal frequencies, which de-
scribe the frequency with which the beam visits each line and each column of the display. In ana-
log TV, vertical frequencies were usually adjusted to fit the frequency of the power outlets; there-
fore, US NTSC uses a 60-Hz base frequency and European-based PAL and SECAM use 50 Hz.
To double the perceived frame rate, analog TV uses interlacing, which allows fast motions to ap-
pear unjittered and works by only updating every second line of screen each frame—first the odd
lines, then the even lines, then the odd lines again, and so on. As a side effect, the signal band-

width can be halved because only half of the information has to be transferred per frame.

Although analog TV’s advantages outweighed its disadvantages, the disadvantages become clear
when compared to high-resolution digital TV. In addition, digital video compression and content
analysis algorithms often perform suboptimally with interlaced video. Figure 6 shows an exam-
ple of typical interlacing artifacts, the interline Twitter. Modern digital video encoders usually
include a feature for de-interlacing image frames. Because the lost information cannot be pre-
cisely restored, however, de-interlacing algorithms use heuristics to guess the content of the lost

lines. A common method is to duplicate lines or to interpolate between two lines.
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Figure 6. Two interlaced video frames showing a fast motion.

Modern TVs and computer monitors do not use CRT. Instead, they use technologies that allow
higher resolution in update time and image granularity, save energy, and are less bulky than CRT

displays, thereby allowing larger screen size.

Plasma displays, for example, are essentially gas-filled fluorescent lamps that rely on plasma
cells to display the pixels //correct?//. A display typically consists of millions of plasma cells
compartmentalized between two panels of glass. The cells hold a mixture of noble gases and a
small amount of vaporized mercury. Applying voltage to the vaporized mercury converts the gas
in the cell to plasma. When the electrons flow through the cell, striking the mercury, the energy
level rises, with excess energy converted to ultraviolet light. The ultraviolet light is reflected by a
phosphor-painted reflective area on the back of the cell, which converts the UV light into visible
light. Depending on the phosphors used, different frequency ranges of visible light can be
achieved, resulting in different colors. As in a CRT display, each pixel in a plasma display is
made up of a triad, so varying the voltage of the signals to the cells allows different perceived

colors.

Although excellent for TV, the phosphoric reflective layer in plasmas and CRTs should not be
used to display the same image for too long because doing so can damage the phosphoric layer
permanently and cause image burn-in. This was the reason people invented screen savers, which
ensure that the screen image changes constantly. Since about 2008, both CRT and plasma dis-
plays have given way to the even more lightweight liquid crystal displays (LCDs). Although
LCDs were inferior to plasma early in their development, they now dominate the display market.
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LCDs are usually more compact and lightweight, less expensive, and more reliable than CRT or
plasma displays. They are available in a wider range of screen sizes, and because they do not
have to use phosphor as a reflective layer (or they have no reflective layer), they cannot suffer

image burn-in. LCDs are more energy efficient and offer safer disposal than CRTs.

As the name implies, LCDs are based on liquid crystals. The crystals do no emit light but can
modulate light—that is, change a light wave’s polarization. Each pixel of an LCD typically con-
sists of a layer of molecules aligned between two transparent electrodes and two perpendicular
polarizing filters. The electrodes are in contact with the liquid crystals and can align the crystals
in a particular direction. If there is no liquid crystal between the filters, light passing through the
first filter is blocked by the second perpendicular and polarizing filter and appears black. With the
liquid crystals in place and without a voltage applied to the electrodes, the crystals are unaligned
and modulate the light in random direction, making the display appear gray. When voltage is ap-
plied, the crystals align according to the current and modulate the light more and more in a par-
ticular direction. With enough voltage applied, the display appears black again. Varying the volt-
age therefore varies the amount of light passing through the filters, which is perceived as varying
shades of gray. Because liquid crystals do not emit light themselves, grayscale displays have a
reflective layer behind the second polarizing filter to reflect incidental light. Color displays use a
light source that varies in color, usually RGB triad. The inexpensive availability of LCDs al-
lowed TVs to become 60 inches in diagonal and larger, which also prompted demand for higher
resolution, helping to popularize the HDTV standard (which was invented many years ago). Full
HDTYV is now at a resolution of 1,920 x 1,280 pixels and 120-Hz refresh rate.

The major challenge in reproducing 3D photos and video is creating autostereoscopic dis-
plays—that is, displays that do not require special viewing devices, such as glasses. Nintendo’s
portable game console 3DS is implementing an autostereoscopic display using the parallax bar-
rier method. The parallax barrier is placed in front of the LCD. It consists of a layer of material
with a series of precision-angle slits, guiding each eye to see different set of pixels based on each
eye’s angular direction of focus. However, because the viewer must be positioned in a well-
defined spot to experience the 3D effect, the technology is used mostly for small displays, such

as portable gaming systems.

Perception of Light
Multimedia computing cannot be understood without at least a basic comprehension of how hu-

man vision works. In fact, the more we learn about the mechanics of human vision, the more we
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can make computer systems and algorithms adapt to it and thereby increase their (perceived) per-

formance.
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Figure 7. Schematic diagram of the human eye. The rods and cones are found on the retina.

Figure 7 shows a schematic image of a vertebrate eye. In most higher organisms, the eye is a
complex optical system that collects light from the surrounding environment, regulates its inten-
sity through a diaphragm, focuses on certain points through an adjustable assembly of lenses to
form an image, converts this image into a set of electrical signals, and finally transmits these sig-
nals to the visual cortex of the brain. So, in many aspects, an eye is a complex camera obscura.
We cannot explain all of the processes involved in human vision because it would fill several
books and, most importantly, human vision is not completely understood. However, multimedia

computing has exploited several important properties of human vision.

One of the most important properties of the human eye is that it blurs together images shown in a
fast-enough sequence so they are perceived as one, enabling video. This property is present in all
animals; however, different eyes have different frequency thresholds. The threshold for a human

eye is about 20-25 Hz to perceive objects as a movie rather than (flickering) still images. Most
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video technologies Have frame rates of 25-30 images per second (as a note: compare this to the

lowest frequency acoustic stimulation is perceived as tone rather than period beats).

Like most human sensory organs, eyes perceive light intensity logarithmically (see Chapter
XXX, as well as exercise X in Chapter XXX)—that is, they obey the Weber-Fechner law.

To perceive colors, the retina contains two types of light-sensitive photoreceptors: rods and
cones. The rods are responsible for monochrome perception, allowing the eyes to distinguish be-
tween black and white. Rods are very sensitive, especially in low-light conditions. This is why
darker scenes become increasingly colorless. The cones are responsible for color vision. They
require brighter light than the rods. In humans, there are three types of cones: maximally sensi-
tive to long-wavelength, medium-wavelength, and short-wavelength light. The color perceived is
the combined effect of stimuli to these three types of cone cells. Overall there are more rods than
cones, so color perception is less accurate than black and white contrast perception. This affects
the variety of perceived colors in contrast to gray tones as well as the accuracy of spatial color
distinction in contrast to black and white. In other words, reducing the spatial resolution of the
color representation while maintaining the black and white resolution has little perceptible effect.
This property of the eye has been used heavily for compression, the analog TV format NTSC for
example uses less bandwidth for color transmission than for black and white transmission. JPEG
image compression uses the spatial and variance color insensitivity in several ways, as we de-
scribe in Chapter XXX.

Other properties of human vision that can be leveraged in multimedia computing are based not
on the eye’s anatomical properties but on the brain’s functional properties. These can be complex
and are typically studied in optical illusions. Some, if not most, of these properties are learned.
For example, if you draw a dark border on the lower right edge of a window, it will appear to be
in front of the others because people have learned to interpret the dark edge as shadow. Evidence

suggests that even binocular depth perception is learned (see references).

Color Spaces

This is a good time to introduce some math. As we discussed earlier, colors can be captured and
reproduced by varying the intensities of fixed colors. Children learn this concept from watercolor
painting in elementary school: You can use red, blue, and yellow in varying intensities to make
all the other colors. CRT displays use red, green, and blue; the human eye uses yet another set of
filters based on pigmenting. Mathematically speaking, we can describe all colors using a linear
combination of base colors. In other words, the base colors from a 3D color space. Color spaces

are an important concept because different sensors and light reproducers can only work with a
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different set of fixed colors. Most printers use the CMYK (cyan, magenta, yellow, black) color
space because it is most convenient for ink producers. The “K” stands for black, which could be
created by mixing yellow, magenta, and cyan; however, this would be costly. So even though K
is mathematically not needed, economic reasons prevail. Most importantly, color spaces are often
used to analyze an image or video computationally. We present three important color spaces here

and other color spaces in later chapters.

For computer scientists, the RGB color space is probably the canonical color space. Most dis-
plays, graphics cards, and raw image formats support this space. As a result, most programming
tools, especially those for graphical user interfaces, work in this space by default. The RGB
space is often augmented by a forth component, often called alpha, that controls the transparency
of a pixel. It is important to know that the RGB color space is furthest away from human percep-
tion because contrast is not modeled explicitly. So the perceptual importance of a color compo-

nent and the similarity of two colors cannot be judged easily.

For image compression, the YUV color space (and technical variants) has therefore been pre-
dominant. The YUV model defines a color space based on one luma (Y) and two chrominance
(UV) components. Both the PAL and SECAM standards use the YUV color model. Previous
black-and-white systems used only luma information. Color information was added separately
via a subcarrier signal so that a black-and-white receiver could still receive and display a color
picture transmission in the receiver's native black-and-white format. A variant of YUV is used for
JPEG compression because it makes it easier to scale color and black-and-white channels inde-
pendently. Conversion between RGB and YUV (and back) can be performed by a simple linear

transformation:
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The Y component is denoted with a prime symbol Y’ to indicate gamma adjustment of the Y
component. A close look at the formula reveals the weighting of the different components, which
corresponds to experimental evidence for human color perception. Figure 8 shows the result of

this decomposition for an example image.

Figure 8. An image and its Y, U, and V decompositions.

As you probably suspect, a linear transformation from a color space that was invented for CRT
displays cannot describe human color perception exactly enough to measure color differences.
Unfortunately, although extremely important, the measurement of perceived color differences is
extremely difficult because perception of color differences varies not only with lighting but also
with the colors surrounding the color difference. Also, a significant number of optical illusions
create “fake” colors—that is, colors that are not there but are perceived to be (see references).
Obviously, the objective color difference would be zero but the perceived color difference is
greater than zero. Nevertheless, one color space—CIELAB—has been created to model per-
ceived color differences using an abundance of human-subject experiments. It has recently
gained attention in the computer vision and image retrieval communities. CIELAB is designed to
be perceptually uniform—ideally, the Euclidean distance between two colors reveals its percep-
tual difference.

The CIELAB space is based on the opponent-colors theory of color vision. The theory assumes
that two colors cannot be perceived as both green and red or blue and yellow at the same time.
As a result, single values can be used to describe the red/green and the yellow/blue attributes.
When a color is expressed in CIELAB, L defines lightness, A denotes the red/green value, and B
the yellow/blue value. Different standard illumination conditions are defined using a reference

white. The most commonly used reference white is the so-called D65 reference white. CIELAB’s
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perceptual color metric is still not optimal, and the aforementioned assumption can lead to prob-
lems. But in practice, the Euclidean distance between two colors in this space better approxi-
mates a perceptually uniform measure for color differences than in any other color space, such as
YUYV or RGB. The color space uses an intermediate space, the CIE XYZ sapce. The XYZ space

was designed to eliminate metamers—that is, different colors that are perceived as the same

color. Figure 9 shows the color matching function used by the XYZ space.
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Figure 9. CIE XYZ space color matching function. The curves show the amount of primary
color-mix needed to match the same monochromatic color generated by light at wavelength
lambda.

The following formula converts RGB to CIE XYZ space:
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Conversion from CIEXYZ to CIELAB is performed by the following formula:
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L* =116f(Y/Y,) - 16
a* =500[f(X/X,) - f(Y/Y,)
b* =200(f(Y/Y,) - f(Z/Z,))

where

_ ¢/3 ift > (L%)?
f(l)= oy 2 29
’ l‘.l:f,l‘n‘ + _x_' otherwise

This chapter only gives a quick introduction to light as relevant for multimedia computing. Fur-
ther properties of light, human perception, and the devices that record and reproduce light will be

discussed when important in connection to concrete algorithms.

Light Production

At this point, the reader might go through the book or search the table of contents for a produc-
tion of light chapter, just like the production of sound chapter, and then, however, not find it. This
is not a mistake. It’s remarkable that with vision being so important it seems there is no real
benefit in studying the nature of light creation tools for multimedia computing yet. We sincerely
hope there will be a future when holographic light sources and other light synthesizing objects
are the output mainstream multimedia devices. They were already envisioned in the original Star
Trek series (the “holodeck”). At the moment, light seems mainly be reproduced rather then pro-
duced. About the only thing that we could we say about light creation is that different light
sources cover different spectra. The laser being the most spectrally narrow and then different
light sources, such as planets or chemical reactions on earth cover different color ranges. On a
different level, light creation and shaping tools include the ball pen and paper, the chalkboard,
and, of course the more sophisticated computer-aided tools like vector graphics editors and 3D
animation rendering. Discussing these, however, we felt belong to a different part in this book,

namely part XXX (on editing).

Index Terms

light, speed of light, polarization, 3D vision, candela. lumen, lux, transparency, reflection, re-
fraction, optics, camera, camera obscura, film developing, film sensitivity, PAL, SECAM,
NTSC< interlacing, TV, intra-ocular distance, intra-axial distance, time-of-flight camera, additive
light source, subtractive light source, CRT, LCD, plasma, human eye, color space, RGB, YUYV,
CIELAB, CIEXYZ.

G. Friedland, R. Jain Introduction to Multimedia Computing




Exercises

1. List the factors that contribute to an object reflecting more light than another one.

2. When a powerful light source and a not so powerful light source are placed adjacent to each
other, the less powerful light source might appear to not even emit light (for example, a small
LED in the midday sun). Explain.

3. Write a program that can correct lens deformations using a calibration process—that is, the
photographed shape is known and a function is fitted to correct the photograph to the actual
shape.

4. How much space is needed to store a raw image in NTSC and full HDTV format?

5. Take a pencil and hold it in front of your eyes. Close one eye, observe, open it again, then
close the other eye and observe again. Repeat the experiment with the pencil at different dis-
tances in front of your eyes. What can you observe?

6. Describe a procedure to calibrate a 3D display with anaglyph technology and with parallax
barrier technology.

7. How many bits are needed to store a pixel in CIELAB space?

. Explain which part of visual perception is most often utilized by magicians doing magic tricks.

9. What is the equivalent of sound synthesis in the visual domain? What is the main issue when
doing this?

[ee)
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Chapter 7: From Sensor Data to Multimedia Documents

The concept of a document has been used over centuries as a device or mechanism to communi-
cate information. Since the technology to store and distribute information has been evolving and
changing, the nature and concept of document has been evolving to take advantage of the new
media technology. At one time, one considered a document to be in the form of physical em-
bodiment such as a book and mostly contained text as the source of information. This popular
notion of a book as a document has gone through changes over the last few decades and has now
transformed the notion of document to be a (virtual) container of information and experiences
using digital data in multiple data formats. In this modern reincarnation of document, it is not
limited to one medium, but can use different media as needed to communicate the information
most effectively to a recipient. This means, however, that textual and sensoric output needs to be
combined in various ways to communicate different aspects and perspectives of information re-
lated to an event or an object. This part deals with the properties of applications and systems that

do exactly that.

In this chapter we start the discussion using different kinds of multimedia documents. We present
concepts and techniques behind many established as well as emerging systems for preparing
multimedia documents. Our emphasis is in presenting concepts and how they can be applied
rather than presenting details of a particular product. Creation of multimedia documents has
been a very active area and there are many popular products. One can learn how to use those
products from books and manuals on those specific products. In our discussion, we will not

cover specific details of any product.

What is a Document?

The most commonly used document is a book. Gutenberg’s invention of moveable printing
press popularized the book by facilitating creation and distribution of books. Even today, when
somebody talks about a document, most people think about a book. However, to the generation
of people growing up with Internet and the WWW, a book will evoke a different image. They
will consider a book to be collection of text and images, presented by a person to make it coher-
ent and complete, but frozen at a particular time. Since a book was printed on a paper with sub-
stantial efforts and cost involved, it could not be easily modified or updated. Each subsequent
edition was once again carefully thought about and prepared to make it complete and remain cur-
rent and complete for a foreseeable future. A book was divided in multiple chapters. Each chap-

ter addressed a particular topic again trying to be complete on that topic. In most cases a book
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organization could be represented as a tree structure, as shown in Fig. 1. This tree structure was
mapped into pages. One may consider pages as necessary structure imposed by physical re-
quirements. On one hand, the text and images in a book have to be readable and hence of some
minimum size. On the other hand the whole book should be such that a normal person should be
able to handle it. This can be easily accomplished by designing a book as a series of attached

pages so that one could flip them in a sequence in which the material in the book is presented.

» »

Figure 1: Organization of a book. Each page really takes an interval of the text stream
and converts it into visual representation that has to be spatial — a page. Then pages are
assembled into chapters, which in turn are assembled into a book.

An important thing to note in a book is that the text is now limited to pages. As we considered
earlier, text is a symbolic representation of speech. And speech is a temporal signal. Thus, one
may consider that a book is created by considering a timeline and dividing into appropriate inter-

vals, which are converted into pages. Each page is a folded version of the timeline.

The concept of representation of temporal information visually on a page became dominant, if
not the only, mode of creating documents due to the technology that was available. Different
techniques were used to emphasize important part of the text, such as bold face, larger fonts, and

different colors. Different spatial layouts were used to emphasize different aspects of text.

Arrival of audio and video technology changed the book metaphor for documents. Audio and
video allow rendering of time varying audio and video signals in their natural audio and video
form. The limitation of having to artificially represent time as visual pages is no longer con-
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straining the types of documents that could be rendered. Now a document can contain time-

varying signals in time varying form.

Another major transformation in documents is the linear nature of documents. Paper based
physical representation forced linear structure on books. A book could be theoretically read in
any order, but authors prepared a book assuming that usually it will be read linearly, from begin-
ning to the end. Some people read books in somewhat random order, but most books, particu-
larly fiction, are read in a linear order. Arrival of hyperlinks in electronic documents and then
introduction of hyperlinked pages in the Web changed this notion. As we will see, now a docu-
ment could be read in an order that a reader finds appropriate rather than what the author in-
tended it to be. More importantly, now a document is no more a compact and closed physical
artifact, but a dynamic organically growing artifact that could present multimedia in all its forms.

And we have only seen the beginning of how future documents will be.

Evolving Nature of Documents

Most documents may be considered as a composition of many content segments (CS). ACS is a
component that has been either authored or captured and can be considered an independent unit
of media that could be combined with other segments. It is like an atomic segment that could be
combined with other units to build increasingly complex documents. A CS could be a text
document, a photo, a video segment, an audio segment, or any other similar data that represents a
particular media. Each CS has associated meta-data that provides essential context related to its
interpretation, rendering, utilization, and authorship. What is stored in meta data is dependent of
the media and application domain. Some meta-data elements that have become de facto standard
across different media are size, name, date, and place of author or device acquiring the data, and
coding method to convert the media to bits. We discussed EXIF for photos earlier in Chapter
<context>. One may want to look at the meta data related to text files or other data on any sys-
tem to get a good feel of how meta data looks. In Figure 2, we show some content segments and

elements of meta data associated with those.

File Type Common meta data associated with the file

Text Document [Name, Author, Length, Date-Created, Date-Last-Modified, Type, ...
IPhoto Name, Capture-Time, Compression-scheme, EXIF, ...

|Audio

Video IName, Creation time, Compression, Length, Type, ...
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Figure 2: Content segments of different media and meta data commonly associated with
those: a. Text document, b. Photo, c. Audio, and d. video
Almost always, the meta data about a CS is not rendered when the segment is presented, but it is
always used in deciding the rendering method. Also, whenever one wants to use a particular CS,
meta data is used to determine its relevance and how it could be combined for a potential new
document. It is important to understand that without meta data, a segment may become unus-
able.

Given several relevant CS for producing a document, one may combine them in many different
ways. Different combinations may result in different documents. To understand different ways
to combine these, let us consider 10 different segments shown in Figure 3. In Figure 4, we show
three possible combinations in which a document may use it. The first composition approach
used in Figure 4a combines them in a fixed linear document that is rendered, using conventions
of English text, in left to right sequence in time. In Figure 4b, these documents are composed by
the author as sub-documents that could then be used as new CS that are then rendered linearly. It
is possible to combine different components in many different ways. In Figure 4c, we show link-
ing of documents so a user can go from one composite document to other if she so wishes by

breaking the strict sequence that is followed in 4a and 4b.
One may consider evolution of documents along three important dimensions:

Type of Media: Until recently, most documents were mostly text documents and were com-
monly available in printed form on paper. Occasional photos or figures were included to enhance

understanding of concepts or details that were considered too complex for text.
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Figure 4: Three different combinations of the segments of Figure 3. In 4a, the traditional
linear segment is presented; 4b shows some atomic documents combined to form composite
elements and then used in the document; and 4c shows how a user may navigate from one
unit to the other as she may wish.

In the last few years, due to emergence of new media technology, the nature of documents has
gone through a complete metamorphosis. Text is and will remain an important component of
documents, but now documents use different media as the author deems suitable for communi-
cating the information and experiences in the best possible manner. Different media can be
combined in space and time in appropriate manner by the author to communicate his ideas in the
most compelling manner. Moreover, same CS could be used as many times in a document or by
as many documents as need it. This is now possible because unlike in old days, a CS is in elec-
tronic form and hence could be copied and used effortlessly or linked for rendering it without
copying it. This ability has resulted in revolutionary changes in creating new documents and

provided new powerful approaches for expressing ideas.

Non-Linear Flow: Due to the nature of physical documents, text was designed to flow linearly.

This was strongly influenced by the temporal nature of narrative structures natural to text-based
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story telling. With the advent of electronic media and ability to create links, the limitation of
linearity can be easily overcome. At first thought people accustomed to linear structures find
nonlinearity confusing and unnatural. However, the fact that one can compose independent CS
and then can link these to form multiple linear structures using different links, is making this ap-
proach very popular. As we will see in the following, this provides very flexible approach to

authoring documents that may be customized for different types of audiences.

Dynamic Documents: Older documents required significant efforts to create and then were dis-
tributed using static medium such as paper. This resulted in a significant latency between an
event and sharing information and experiences of the event. During early days, the latency was
really large. Newspapers were invented for reducing this latency between an event and its report
for important events. Television brought live events but resource limitations kept this limited to
only important events. The Web brought blogs, micro-blogs, and now real time automatic up-
dates for sharing live event information and experiences. There is an increasing trend to compile

a document related to an event as it is unfolding.

In addition to such event reports being dynamically unfolding with events, they can also be de-
signed to suit information relevance and needs of a person. This is resulting in creation of per-

sonalized dynamic doscuments.

Stages in Document Creation
Every document is created using a three step process. These three stages do have some overlaps,

but are distinct enough to consider them separately.

Data acquisition and organization: When a person decides to create a document, she starts
thinking about the information, experiences, and message that the document will communicate to
a user of the document. This involves thinking about the relevant events and related information
that must be used in the document. In some cases this information is already available to the
user, while in other cases, this must be acquired. In most cases, the information available is sig-
nificantly more than that could be used in the document due to the size limitations of the docu-
ment. The size limitations of the document are due to attention span of the user; more than the

physical requirement which in earlier times were more dominant.

A major change brought on by technology in the last few years has been the increasing availabil-
ity of meta data that helps in organizing and using the data. Meta data is available for text files,

as well as photos, videos, and all other data that is created or collected. In most cases, meta data
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is stored with the data in the same file. This could be used for organization as well as for using
the data.

Selection: An author* of a document usually collects lots of material in preparation for convey-
ing the message through the document. It is common to for an author to collect significantly
large volume of material in anticipation of its use in the final document. All this material must
be organized so that it is available to support the author in selection of all pertinent material.
Many meta-data management tools have been developed to help potential authors to organize

and select such material.

The author selects the material from the content segments in the database considering the mes-
sage that needs to be conveyed. The factors considered in selection of the segment are: relevance
of the segment to the message, length of the segment, media of the segment, and how this seg-

ment could be combined with other segments.

This step is usually an iterative process. Once initial material is selected, the author must con-
sider which material should be included in the final document. The author must consider the
type of media available to convey the same information and experience and which one will be
the best in the given context. Another important factor to be considered in the iterative process is
the length of the document as well as the effectiveness of the information and media used to con-

vey that. The output of the process is a set of segments to be included in the final document.

Editing: Editing is the process of taking an existing document and modifying it for its use in a
given context or simply for refining it. Editing is media dependent. Many powerful tools have
been developed for editing documents of specific media type. Here we briefly discuss some

common operations used in commonly used professional tools.

Text Editing: Many tools have been developed for editing text documents. Commonly used

operations involved in editing a text document are

Insert,

Delete,

Format to change the layout, and

Emphasize using different styles, sizes, and colors.

4 We will use the term ‘author’ for the person who prepares a document. In some cases, like for video,

usually the term ‘producer’ is more common. But we will use author for all kind of documents.

G. Friedland, R. Jain Introduction to Multimedia Computing




The first two operations are obvious for changing the text. Formatting is used to provide struc-
ture to the text and includes breaking the text into sections or paragraphs, adding footnotes or
references, creating special textboxes, and similar things to provide clear visual separation on a
page. The final operation of emphasizing is to clearly display relative importance of certain text
segments by using bold, italics, underline, larger font, different font styles, or different colors.
Human beings use different intonations and inflexions in oral communication. Since text is a
static representation of oral communication, these emphasis tools are used to capture some of the

characteristics of oral communication.

Photo Editing: A photo is a flat static representation of visual information. Most photos are cap-
tured using a photographic device, but there are other mechanisms such as computer graphics or
human painting or sketching used for creation of photos. Some of the common operations used

in photoediting are:

Selection of important objects,
Addition of Objects,
Deletion of Objects,
Enhancement or restoration of visual characteristics, and
Changing visual characteristics in parts of a photo.
In photographs the most important aspect is to clearly mark pixels in an image that may repre-

sent a particular object. This operation is significantly more difficult than it appears. Many tools
such as magic wand and cropping are provided to facilitate this operation. Enhancement and res-
toration are aspects that are normally used to compensate for some artifacts introduced due to
imperfections during the photo capture operation. Visual characteristics are changed in parts of
photo to make visual appearance more appealing. Finally, addition and deletion of objects are
fundamentally to change the content of a photo. A photo represents state of the real world cap-
tured at a particular time. By inserting or deleting an object, an editor is changing the state of the

world as depicted by the photo3.

Audio Editing: While many older audio editing tools try to simulate a tape recorder, modern ed-
iting operations on audio are usually based on a visual representation of the amplitude space (go-

ing from left to right in time). Audio can be

e cut out,

5 Before photo editing tools became common, some editing was done in dark room. Before digital tools arrived, a
photo was considered a strong evidence of what the state of the real world was at the time photo was taken. Digital

photo editing tools allowed manipulation of photos and eliminated photos as an evidence of the real world.
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e copied,
e pasted, and
o filtered.
The problem with most visual representations of audio recordings is that they are not intuitive,

e.g. the user must listen in very often as the amplitude space representation does not indicate the
final acoustic experience good enough. Several tracks are usually visualized above each other.
Speech editors therefore often show a spectrogram (see Chapter XXX) of the speech signal, al-
lowing a more intuitive representation for experts. Midi editors allow the editing of notes, which

makes it easier for musicians. They work with Midi editors like a text processing tool.

Video Editing: Video is different from the above media in that it combines all of the above and
adds some new dimensions. It has spatial dimension and characteristics of photos, but represents
rapidly varying sequence of photos thus bringing in temporal dimensions. It is also combination
of not only a photo sequence but also of audio that is either captured with the video or is added to
the photo sequence. Moreover, one could either overlay text in some parts of video or even use

text exclusively as video segments. Video editing tools usually contain:

Photo editing tools
Adding a video segment at a particular time say Ti
Deleting a video segment from time T1 to T2.
Add a text box at specified location from time Ts to Te
Add an audio channel from time Ti
Add an imagebox a specified location from time Ts to Te
Add another video, usually of a much smaller size, at a specified location from time Ts to
Te
- Add specific transition between segment Sk and Sk+1.
As can be easily seen, video editing tools utilize results of editing of all other media and must

provide spatial and temporal composition operations to combine different media to provide a co-
herent media. In Figure 5 we show a video authoring/editing environment that contains photos,

video, and audio components that are combined using timelines.
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Figure 5: A video authoring/editing environment uses a timeline for showing how different
components can be organized.

Emerging Multimedia Editing Tools: In a way multimedia tools are extension and collection
of individual medium editing tools. Since in most of the current multimedia systems also a
screen is used for rendering, spatial layout is manipulated similar to text and photos. Audio and
video bring in temporal elements. This means that tools must be provided to manage time. Mul-
timedia editing tools are similar to video editing. The major difference in multimedia and video
editing tools, however, is that video editing tools consider the photo sequence as the driving me-
dium and other media play a supporting role. In multimedia, video is considered at the same
level as any other media. In fact, a good multimedia authoring environment considers that all
media are equally important and one must use a specific medium to convey or emphasize impor-
tant information or experience that is most relevant for communication. A multimedia authoring

environment must consider elements discussed in the following section.
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Basic Elements of a Multimedia Authoring Environment

Since a multimedia document utilizes all media to make a document that combines appropriate
medium to communicate the message in the most compelling manner, it must provide facilities to
author each individual medium and to combine them effectively and efficiently. Moreover, to
facilitate interactivity of the user with the document, an authoring environment must also con-
sider mechanisms for user interactivity at the time of authoring. Based on the emerging changes
in the nature of documents, one must consider different factors in designing multimedia author-
ing environments. Two very important fundamental aspects are related to spatial and temporal
composition of different media assets. As we see below, one must pay careful attention to layout

as well as synchronization issues.

Characteristics of Media Assets: Different media assets have different spatial, temporal, and
other informational attributes that play important role in the combined documents in terms of de-
signing their layout and synchronization. In many cases these characteristics are stored as meta-
data along with the data corresponding to the media. In some dynamically created content, this
meta-data as well as the data becomes available only at the rendering time. An authoring envi-

ronment should account for this.

Spatial Layout: Most multimedia documents in current systems are rendered on a screen. The
screen has fixed spatial dimensions, such as 640 X 480 pixels or 1920 X 1200 pixels. An author
decides which media item should be displayed in which area of the screen and what should be its
resolution. In some cases an item must be scaled up or down to fit the selected window size.
Thus, with each media item, there is an associated spatial window where it should appear. In
Figure 6, we show the screen and multiple windows. Each window size must be specified using
either a rectangle in absolute locations or in terms of a corner and its size. For each window, one

must also specify the type of content and the source from where the content must be displayed.
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Figure 6: A spatial layout showing three different windows. Each windows location and
size must be specified. Windows A1 and A2 are within A; and C1 and C2 are within C.

Temporal Layout: Since multimedia content can be displayed as video on the screen, an
authoring environment should specify different content that will be used to constitute this video.
The earliest authoring tools in this area started appearing in video editing systems. Multimedia
authoring systems extend them to include more sources of data and provide more flexibility and
control in using and combining the data. An example of temporal layout is shown in Figure —
<temp-layout>. This layout essentially provides tools to specify the time interval for the appear-
ance, transitions, and disappearance of each content item on the screen. The location of the con-

tent on the screen could also be specified.

Videol Pl Video2

P2 l Video3

Audiol I Audio2

>
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Figure 7: The timeline representation of each content item is shown on the timeline. For
each item the start time and the duration must be specified.

Synchronization: A multimedia document comprises of different media contents of different
types that must be rendered in space and time to give a coherent and unified experience. It is im-
portant to make sure that spatial and temporal relationships among different items are clearly
specified by the author and are carried out by the system. Since synchronization is an important
topic, we will discuss this in Chapter XXX. Most multimedia authoring environments provide

basic tools to specify which media elements should be synchronized.

Publishing Formats: Multimedia documents are rendered on many different sized screens,
ranging from large home theater like TV screens to computer screens of many different sizes and
resolutions, and now on many — some say too many — sizes of mobile phone screens. A good
authoring environment may allow adjustment in spatial layout as well as temporal rendering con-
sidering the screen characteristics being used to render the document. It is also important to con-
sider the bandwidth available to render the content and adapt the rendering process based on the
availability of the bandwidth. If the authoring paradigm results in a fixed format, then the final
document can be rendered correctly only for the specific screen and bandwidth assumed avail-
able while authoring the document. Most current systems assume that the same content maybe
displayed under different rendering contexts. In all these cases, the document is stored in an in-

termediate format that is finalized only at the rendering time when all the parameters are known.

Representation of a Multimedia Document

As may be obvious from the above discussion, the structure of a multimedia document is rela-
tively complex. A text only document has fairly linear structure comprising of chapters, sections,
and subsections. With modern hyper-linking capabilities, nonlinearity has been introduced in
otherwise linear text documents. Now a user may play a role in defining the rendering of these
documents also, as discussed earlier in this chapter. Due to flexibility in organizing spatially and
temporally and use of multiple types of media, the nature of the multimedia documents becomes
relatively more complex to understand. Many different models have been used to represent mul-
timedia documents. In this section, we discuss two of these models that cover many require-

ments of multimedia authoring environments and have gained popularity.

Structure-based Representation: Common structure-based representation uses a tree structure
in which the root is a complete document and the leaf nodes are individual media elements or a

pointer to those. Intermediate nodes are ‘sub-documents’ comprising of combinations of indi-
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poral layouts maybe explicitly specified. Figure 8 shows structure of a multimedia document
that contains multiple text, photos, audio, and video segments. One content element could be

used multiple times if desired.

n

A4 A2 C1

Figure 8: The tree structure shown represents a complete multimedia document that uses
several media components. This structure represents the window shown in Figure 6.

Time-Based Representation: Time based representations evolved from video editing. In these
representations one considers that a multimedia document is organized around a timeline. Dif-
ferent media elements are represented as different tracks synchronized with the master timeline.
Each track specifies which content element will appear during which time interval. One may
also specify the relative spatial position of each media element. This representation makes the
relative appearance and disappearance of different media elements explicit and easy to represent

and understand.

Current Authoring Environments
Many multimedia authoring environments have been developed in the last two decades. One of
the biggest drivers for developing these environments has been the Web. Many other systems
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were also defined for general multimedia authoring environments, such as MPEG4 and SMIL.
Rapid convergence is taking place in devices, communication, and computing. It appears that
the Web environment may become the unifying environment. In the following we briefly discuss

some key concepts and trends among emerging authoring environments.

HyperText Markup Language (HTML) was defined to be the first publishing language of the
Web and has remained the main language for preparing documents so they can be published on
different platforms. Like any other markup language, HTML uses tags to specify how an ele-
ment on a page should be published. The language syntax defines how to specify tags for differ-
ent actions to be performed. These tags are in pairs like <T1> and </T1>, where the first tag de-
clares the beginning of T1 and the second tag is the end tag closes it. Most of the information in
text, tables, and images is between the tags. The tags are used by a browser to interpret the intent
of the author in displaying the content of the page or the document. In the early days of the Web,
most of the documents usually contained only text. Tags in those days usually specified presen-
tation related operations on text. HTML1.0 was a key component of the launch of the Web and

was predominantly concerned with presentation of the text on a page.

As the nature of documents changed to more multimedia, subsequent versions of HTML pro-
vided specifications for inclusion of multimedia content. These specifications had richer tags for
layout of media items. Another challenge faced by browsers in the presentation of multimedia
content was use of proprietary technology for playing video. The latest version of HTML,
HTMLS, has introduced specific features to author multimedia content as easy as text. In par-
ticular, it now has four specific constructs: <video>, <audio>, Canavas, and SVG. These features

make inclusion of multimedia content in a document much easier than earlier.

Further Reading

An excellent history of development of diffeent media and the impact on society is presented in
‘Cognitive Surplus’ by Clay Shirky. James Gleick’s book, The Information: a History, a Theory,
a Flood, is an excellent source for the changing nature of information and how it has affected

our society.

Photoshop was a major force in converting photos from a visual record to an authoring environ-
ment. Photos, often called images, used to be a record that could be processed to enhance them
and to recover some information. By providing simple tools to edit them, Thomas Knoll’s sys-
tem, developed when he was a doctoral student supervised by Ramesh Jain at the University of
Michigan, changed the way photos were viewed. From a a record it became a creative environ-

ment for expressing visual thoughts. The impact of Photoshop on multimedia authoring is not
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only in photos, but also in video production. On the lighter side, Photoshop destroyed what used
to be considered an irrefutable evidence — a photo of an event — and has now resulting in creation

of multimedia forensics as a field.

An important multimedia authoring project that contributed many important ideas and resulted in
development of a complete multimedia environment was Synchronized Multimedia Integration
Language (SMIL). This environment developed over several years and made available to com-
munity was one of the first authoring environment to consider all aspects of multimedia author-

ing and make it compatible to emerging concepts and tools from the Web community.

MPEG4 was the first effort to consider video as composition of objects and events both for com-
pression as well as for providing interactive environment dynamic visual environments. Efforts
started in creating multiple perspective and immersive video in the 20th century, but due to tech-
nology limitations remained in the conceptual stages. With advances in technology, it is ex-
pected that these techniques will advance rapidly and will result in powerful immersive telepres-

ence systems.

Finally, one is seeing emrgence of new media as a new communication mechanism for
knwledge. Emerging social media systems rely on combination of multiple media to communi-
cate and share experiences, unlike the dominant medium of text that started with Gutenberg’s

moveable printing press and has remained dominant so far.
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Chapter 8: Multimodal Integration and Synchronization

So in order to convey the structure of a document, a multimedia system uses data and informa-
tion from multiple sensors to achieve its goals. Let’s continue with a more formal assumption
that Sy, ... Sn are data streams from n different sources of K types of data in the form of image
sequence, audio stream, photos, motion detector, and other types including text. Each data stream
has My, ..., M, as its metadata that may include location and type of the sensor, viewpoint, an-
gles, camera calibration parameters or other similar parameters relevant to the data stream. We

will use this formal assumption throughout the remainder of the book.

As discussed earlier, a fundamental difference in multimedia from single medium understanding
is that partial information from multiple media is correlated and combined to get complete in-
formation. Without correlating the information from multiple data streams, one can not extract
information about the real world. Even in those systems, where multimedia is for direct con-
sumption by humans, all correlated information must be presented for humans to extract infor-

mation that they need from the multimedia data

The human brain can integrate different sensory modalities, such as sight, sound, and touch, into
a coherent and unified perceptual experience. Experiments show that by considering input from
multiple sensors, perceptual problems can be solved more robustly and even faster by humans..
This multimodal integration, or multisensory integration, is not yet completely understood, but it
is fundamental to the success of multimedia systems. Multimedia computing strives to imitate
the properties of multimodal integration regardless of the incomplete understanding of the
mechanisms in the brain. or example, multimedia content analysis (as described in Chapter
XXX) combines audio and video in an attempt to gain accuracy, robustness, and sometimes

speed.

Multimodal Integration
Here, we describe some well-known observable phenomena that might help to both clarify the

process and highlight the design considerations for multimedia systems.

Experiments have indicated that two converging sensory stimuli can produce a perception that
differs not only in magnitude from the sum of the two individual stimuli but also in quality. The
classic study, which introduced the McGurk effect, dubbed a person’s acoustic phoneme produc-
tion with a video of that person speaking a different phoneme. The result was that the user per-

ceived neither the visual nor the acoustic pronunciation but instead heard a third phoneme.
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McGurk and MacDonald explained in their 1976 article that phonemes such as ba, da, ka, ta, ga,

and pa can be divided into two groups:
phonemes that can be visually confused (da, ga, ka, ta), and
phonemes that can be acoustically confused (ba and pa).

The combination of the visual and acoustically confused phonemes results in the perception of a
different phoneme. For example, when an uttering of ba is dubbed on a video showing the utter-
ing of ga, which is processed visually through lip reading, the visual modality sees ga or da, and

the auditory modality hears ba or da, which combine to form the perception of da.

Ventriloquism is another important effect. It describes the situation in which acoustic tracking of
a sound’s origin shifts toward the visual modality. In conditions where the visual cue is unambi-
guous, the perception of the visual location overrides the acoustic location. Artists throughout the
world use this effect. Ventriloquists manipulate how they produce sound so it appears that the
voice is coming from elsewhere, usually a puppet. This is used in many multimedia systems, e.g.
in ordinary Television sets, as the loudspeakers are usually not located exactly where the actors

move their mouthes on the visual screens...

An almost “magic” effect is called body transfer illusion. Botvinick and Cohen performed the
original, so-called rubber hand experiment in 1998. Human participants sat in front of a screen
showing a dummy hand being stroked with a brush while they felt a series of synchronized and
identical brushstrokes applied to their own hands, hidden from their view. The result was that if
the dummy hand was similar to the participant’s hand in appearance, position, and location, the
human subject was likely to feel that the touches on his or her hand came from the dummy hand .
Furthermore, several participants reported that they felt the dummy hand to be their own hand.
Virtual reality applications start to try to exploit this effect and try to induce the perception of
owning and controlling someone else’s body (usually an avatar) by applying visual, haptic, and
sometimes proprioceptual stimulation synchronously (sensors are described in more detail in
Chapter XXX).

The brain exploits multimodal integration in different ways. The two most important are proba-
bly the decrease of sensory uncertainty and the decrease of reaction time. Experiments have
shown that uncertainty in sensory domains leads to an increased dependence of multisensory in-
tegration. If a person sees something moving in a tree and isn’t sure whether it is a bird or a

squirrel, the natural reaction is to listen. If the object emits a chirp and the brain localizes the
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sound to be coming from the tree, the person takes this as proof that the creature is a bird. Hence,

the lack of visual information is augmented by acoustic information.

The Hershenson experiments (see references) also showed that responses to multiple simultane-
ous sensory stimuli can be performed faster than responses to the same stimuli presented in isola-
tion. Participants were presented a light and tone simultaneously and separately, and were asked
to respond as rapidly as possible by pressing a button. Reaction time differed with varying levels
of synchrony between the tone and the light. This result is, however, hard to generalize as multi-

ple synchronous stimuli might also cause the opposite effect, as we discuss in the next section.

Split Attention
Split attention, the opposite effect of multimodal integration, manifests when the same media (for
example, visual and visual) is used for different types of information at the same time. This is

usually a problem in multimedia systems, rather than a functionality.

To understand and use the materials provided, one must split attention between them. Split atten-
tion should not be confused with distraction, although the two problems are related. Distraction
is caused by the lack of ability to pay attention to a particular object due to lack of interest in the
object or the greater intensity, novelty, or attractiveness of something other than the object of at-
tention. However, split attention is caused by the lack of integration of the object to be paid at-

tention to.

Figure 2 shows an example multimedia system known to have caused a split attention problem.
The E-Chalk lecture recording system showed dynamic board content in addition to a video of
the lecturer. In a typical E-Chalk lecture, two areas of the screen compete for the viewer’s atten-
tion: the video window showing the instructor and the board or slides window. Several research-
ers tracked students’ eye movements as they watched a lecture recording containing slides and an
instructor video in a setup similar to that shown in Figure 2 (see references). Measurements
showed that a student often spends about 70 percent of the time watching the instructor video
and only about 20 percent of the time watching the slides. For the remaining 10 percent of time,
the eye focus was lost to activities unrelated to lecture content. When the lecture replay consists
of only slides and audio, students spend about 60 percent of the time looking at the slides be-
cause they have no other place to focus their attention in the lecture recording. The remaining 40

percent, however, was lost due to distraction.
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Figure 2. An example of a split-attention problem. The lecturer on the left is shown as a
video, and the dynamic board content he creates is shown on the right. The additional video
window is used to convey gestures and finger pointing. However, presenting the lecturer in
a second window causes cognitive overhead usually referred to as split attention because
the viewer switches between the content on the board and the lecturer on the left.

It is still an open question whether attention can be split to attend to two or more sources of in-
formation simultaneously. Psychologists and neuroscientists have discussed this topic for dec-
ades. Most researchers, however, now accept that attention can be split at the cost of cognitive
overhead. It is this cognitive overhead that is to be avoided when designing multimedia systems.

See the references at the end of this chapter for more information

So far, we have described sensory phenomena on a high level and discussed important properties
of the human system. We will now begin to dig deeper into what it means to process sensory in-
formation using computers. While reading the next chapters you might find it useful to go back
to these introductory chapters from time to time to remind yourself of the fundamentals. How-

ever, you will do so at the cost of some cognitive overhead, a phenomenon called split attention.
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Sensor Integration in Multimedia Computing

Combining sensory inputs optimally in computer systems is a matter of research. In fact, it’s
probably the most central theme of research in multimedia computing. Especially, because in
comparison to the effects observable in human beings (explained above) which must stem from

rather elaborate computing methods in the brain, multimedia computing methods are very basic.

The subfield of multimedia computing that deals with sensor integration in computers is called
synchronization. The remainder of this chapter therefore deals with synchronization. Another
field that deals with sensor integration in machine learning is multimodal fusion, which is ex-
plained in Chapter XXX.

Introduction to Synchronization

Synchronization is not a new problem. Whenever there is coordination among two or more
sources is required to complete a task, coordination among those is required. In many cases this
coordination becomes establishing, specifying, and then performing this coordination in space
and time precisely. Two common examples of these are orchestra and any team sports. In soccer
or football two or more players must be in a particular spatial configuration and must perform
their roles perfectly for desirable outcome. In music, space is not that important but multiple
players must produce particular sounds at specific instants for effect. In fact the term orchestrate
means “Arrange or direct the elements of (a situation) to produce a desired effect”. A music
conductor uses specifications in a music book to coordinate the timing by individual players. As
we will see in this chapter, synchronizations is to specify timing and location of each multimedia

stream to create a holistic impact.

A common first step in extracting information from multiple streams as well as presenting infor-
mation for final consumption from multiple streams is to make sure that they represent the same
event although from different perspective and maybe using different modality. Since in most
cases, the data from different sensors is collected independently and is usually transmitted and
stored using different channels, care needs to be taken that all the data is synchronized. The
process of synchronization usually referes to processes that are required to make sure that events
in a multimedia system operate in the same unison as they do in the real world. The relation-
ships that exist in the real world among different media components should be captured and
maintained for information extraction as well as proper rendering for human experience. As we
will see, the most important relationship that needs to be maintained is time, but spatial relation-

ships and content relationships also need to be maintained in many applications. In this chapter,
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we will discuss how these synchronizations affect and different techniques that are used to ascer-

tain that such relationships are maintained.

In the following we first discuss content synchronization, then spatial synchronization. After
these two concepts, we discuss temporal synchronization in more depth. It must be mentioned
that temporal synchronization is the main synchronization approach. Much of the efforts spent in
multimedia synchronization are on temporal synchronization because time plays very important
role in rendering time dependent media. As we will see, increasingly people present even time-

independent media such as text or photos in a video environment, where time plays a key role.

Content Synchronization

In many applications different types of data sets are semantically or functionally related to each
other and make sense only if they appear together. Appearing together may be in terms of space
or time or both. The important relationship to be maintained is the content relationship and
should be rendered such that it makes sense. A common example could be appearance of a fig-
ure, or in some cases a text box or even a slide, close to the concept that it is related to. Embed-
ding of figures close to their citation is commonly used. Increasingly, people are developing ap-
proaches to embed slide presentations along with a scientific paper. In all these techniques the
emphasis is that one must present contents that are related to each other somehow close to each

other.

It is very common that researchers present their work in a research article as well as a slide pres-
entation that they may have made at a professional meeting. Usually, these two constitute a dual
view of the same work, often quite different from each other. Slides represent help grasp the
work at a high level and research paper presents detailed arguments. Since these two modes of
presentations constitute a dual view, further utility can be gained if the two media are synchro-
nized. In such a synchronized fine-grained alignment between slides and document passages
could be constructed and presented, allowing a user to view both the slides and the document

simultaneously.

This joint presentation of slides and a document can be prepared by finding a suitable fine-
grained synchronization between them. Such a synchronization may be formulated as a problem
of aligning slides to a corresponding paragraph span in the document. This problem was formal-

ized in the Slideseer system as document-to- presentation alignment:

“Given a slide presentation S consisting of slides s1 to sn and a document D consisting of text

paragraphs d1 to dm, an alignment is a function f(s) = (X, y), mapping each slide to a contiguous
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set of document paragraphs, starting at dx and ending at dy where x < =y, or to nil.” The results

of such an alignment are shown in Figure 1.

Of course, this is only an example of content synchronization. One could consider many situa-
tions, and the number of situations is increasing rapidly with increasingly availability and dis-
covery methods on the Web. In most situations, the first step is to discover the content, then
align it and finally present it.
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Figure 1: Alignment of slides and a research publication can be done analyzing contents of both
and synchronizing them as reported in the Slideseer system [Reference].

Temporal Synchronization
Since many multimedia components are captured as time-varying signals and are also displayed
in time, majority of the synchronization techniques have addressed issues in temporal synchroni-

zation. In this section, for brevity, we will drop ‘temporal’ unless needed in the context.

Synchronization techniques specify relationships that must be maintained among different media
elements that must be interpreted or rendered together. In some cases all media elements are

time-dependent, while in other cases such as making a video, some elements may not be time-
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dependent, but must be rendered at a specific time.A time-dependent object is a stream in which
each element has a specified time associated with it, while in a time-independent medium there
may not be a stream (such as a photo or a text box) or the time relations may not be as critical, as
in slide deck. Time-dependent object is presented or rendered as a media stream because there
exists temporal relation between consecutive units of the stream. Time-independent object is the
traditional medium such as text or images and could be rendered independent of time, except
when they become part of a time-dependent media stream. Temporal dependencies among mul-
tiple media objects specify temporal relationships among objects that must be maintained for
correct interpretation or understanding. A common example is the lip synchronization used in
making movies. The image sequence stream showing a video must have a very precise temporal
relationship with the audio steam representing speech for understanding what a person is saying.
If the correct relationship is not maintained then a viewer may find the experience either poor or

utterly confusing.

In many applications, temporal synchronization includes relations between time-dependent and
time-independent objects as well. A slide show usually includes temporal synchronization of
audio stream, either music or narration or both, which is time-dependent and individual slides
which are time-independent media objects. In Figure 2, we show a time line and many different
media objects that may be used to create a presentation or rendering of media as a function of
time. For each media object its time duration is shown as a box on timeline. It is possible that at
a given time multiple media objects may be rendered or at some times, no media object maybe
rendered. The temporal relationships among time durations (commonly called time intervals) of
different media objects may be specified using relationships first specified by Allen[XX]. Allen
considered two processes and defined thirteen possible temporal relationships among them, see

in Figure 3. These relationships have been used in specification of temporal relationship in many

applications.
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Figure 2: The duration of each media element, Audio, Video, text (T), and photo (P) are
shown on the timeline.
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Figure 3: Thirteen temporal relations between two intervals A and B are shown here. Six
of these are inverse of each other and hence there are only 7 relationships shown in this fig-
ure.

Synchronization Levels in a System
Synchronization has to be implemented at multiple levels in a system. We can consider three

common levels of synchronization.
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Level 1: At the lowest level, support must be provided to display each stream smoothly. Operat-
ing systems and lower communication layers are responsible for ascertaining smooth single
stream by bundling and making sure about the display requirements. They make sure that there is

minimal jitter at the presentation time of the steam.

Level 2: The next level is commonly called the RUN-TIME support for synchronization of mul-
timedia streams (schedulers) and is implemented on top of level 1. This level makes sure that

skews between various streams is bounded to acceptable limits dictated by applications.

Level 3: The top level deals with the run-time support for synchronization between time-
dependent and time-independent media. This level is also responsible for handling of user inter-
action. The main responsibility of this level is to make sure that the skews between time-

dependent and time-independent media are within acceptable limits.

Specification of Synchronization
There are many ways to specify synchronization requirements among different media objects. In
this section we discuss different specification approaches that may be used in applications de-

pending on the type of media used and application requirements.

Implicit specification: In many applications, temporal relations among different media compo-
nents are determined implicitly during their capture. The goal of a presentation of these objects
is to present media in the same way as they were originally captured. The relationships among
media objects is considered specified implicitly at the capture time. A common example of this
is the capture of a video that consists of two media components: audio stream and image frame
stream. These two streams are captured by the system using the same time line. Thus we may

consider that the synchronization requirements are specified implicitly.

Explicit specification: Temporal relation may be specified explicitly in the case of presentations
that are composed of independently captured time-dependent objects such as audio or video,
time-independent objects such as photo, and manually created objects such as text-boxes and
slides. Similarly, in applications like a slide show a presentation designer selects appropriate
slides, selects audio objects, and defines relationships between the audio presentation stream and
slides for presentation. In such cases, the relationships among different media objects must be

explicitly defined and specified by the designer.

Intra-object Specification: An animation video comprises of all manually created image
frames that are presented at appropriate frame rate to create a video. In all such cases, thought

there is only one media stream, the objects in each frame in the sequence must be drawn to create
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specific visual effects. This requires that considering the motion characteristics to be conveyed,
relationships and positions of different objects in each frame must be specified precisely. Thus,
one needs to consider synchronization of the objects, their attributes, and their positions in each

frame as a function of time in the presentation stream.

Deadlines

For synchronizing two streams, applications may specify whether their requirements for starting
or ending media are rigid or flexible. In case of rigid requirements, the system must make sure
that the deadlines are considered hard and must meet specification. Soft or flexible requirements
mean that there is some tolerance specified within which the relationship must be maintained.
For example, in case of speech related audio and corresponding video showing a person’s face, it

is important that audio and video are played within a specified interval.

Spatial Synchronization

Spatial placement of different components of a document have played important role. As we saw
in multimedia authoring, relative placement of a photo and its caption is important and must be
clearly specified. If a caption and its corresponding figure do not appear together then it may re-
sult in a significant confusion. In fact, in many cases the semantics of the document or a simple
figure may completely depend on the relative placement of its component. In Figure 4a, we
show many components in a random order. By placing them appropriately with respect to each
other in a spatial configuration, we get Figure 4b, which represents a stick figure representing a
person. Without spatial relationships among different components, we will not be able to render
the message that we want to communicate. In fact, one can easily see that by a different spatial

arrangement of components, one will get a different object.
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Figure 4a: Several components displayed in a random order.

N

Figure 4b: The same components displayed in a specific order.

Rendering of different components of media is usually on a screen that is two dimensional. In
some cases, one may want to consider rendering to take place in three dimensions, but in this
chapter we will limit our discussion to two dimensional screens. On this screen, one must spec-
ify location of each media component as well as locations of sub components in each specific

media.
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A first step towards specifications is to define space used for presentation of a media object on an
output device at a certain point of a time in a Multimedia presentation. For this, Layout frames
are defined on an output device, usually a screen, and each content is assigned to be inside this
frame. Positioning of the layout frame is usually the size of the screen used by the application.
Within this frame, windows corresponding to different media (photos, video, or even audio sym-
bols) to be displayed could be defined. In many systems, the layout frame usually corresponds to
the complete screen and the positions of the other windows are then defined relative to the layout

frame.

In defining relative layouts and even objects within each media windows, it is useful to define
more than one coordinate system. For example in Figure 5, we have defined three coordinate sys-
tems. We have a coordinate system, F, defined for the layout frame. Each media window is de-
fined inside this window so the objects within each window could be defined with respect to the
coordinate system, W, defined for it. Finally, components of an object in a window could be de-
fined in coordinate system, O, defined for a specific object in the window. By using multiple co-
ordinate systems, and defining relationships among them, it is easier to define relationships that

must be maintained with respect to different components.
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Figure 5: Use of multiple coordinate systems to specify positions among objects that must
be maintained among them. The dashed lines represent three different coordinate systems
F, W, and O, for Frame, Window, and Object, respectively.
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Chapter 9: Multimedia Systems

A multimedia system is a computing system designed to facilitate natural communication among
people, i.e. communication on the basis of perceptually encoded data. Such a system may be
used synchronously or asynchronously for remote communication, using remote presence, or for
facilitating better communication in the same environment. These interactions could also be to
communicate with people across different time periods or for communicating knowledge created
over a long period. Video conferencing, video on demand, immersive video or immersive telep-
resence systems are all multimedia systems. Augmented reality or assisted communication sys-
tems, modern conferencing environments utilizing audio-visual mechanisms to facilitate com-
munications are also multimedia systems. There are already systems that utilize touch or haptic
communication. Efforts to communicate smell and taste are also making progress. The basic
goal of a multimedia system is to communicate information and experiences by humans to other
humans. Since humans sense the world using their five senses and communicate their experi-
ences using these senses and their lingual abstractions of the world, a multimedia system should

also use the same in communications.

Until late 20t century, communication and computing systems evolved separately. Communica-
tion systems usually dealt with the information or experience to be communicated in one sensory
mode and converted it to some form of signal that was then transmitted to the recipient and con-
verted back from the signal to a form that could be easily presented for consumption. As tech-
nology progressed, every sensory mode was converted to a common form — a digital sequence
representing signal in sampled and quantized form that could be effectively and efficiently com-
municated over the same transmission medium independent of its original mode. As communi-
cation systems became digital, computing systems started playing an important role in different

stages of communication systems.

Multimedia systems combine communication and computing systems. In multimedia systems,
the notion of computing systems and communication systems basically becomes so intertwined
that any efforts to distinguish them as computing and communications result in a difficult exer-
cise. In this chapter, we discuss basic components of a multimedia system. Where appropriate,
differences from a traditional computing system will be pointed out explicitly along with the as-

sociated challenges.
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Components of a Multimedia System

Computing systems have evolved with advances in technology as well as requirements of users.
At a very high level, it can still be considered the same and be used to understand major evolu-
tionary changes in different aspects of the computing as multimedia started playing roles and
started enforcing new requirements. The traditional computing architecture is shown in Figure
CompArch. It consists of 4 basic components: Processing unit, storage, input, and output. In
this section, we will consider the changes in this basic architecture as multimedia systems
evolved along with other aspects of computing, and as we expect them to continue evolving in
the near future. Multimedia systems have timing constraints. Different components, such as
audio and video, must be rendered continuously maintaining specified time constraints as re-

quired by an application.

In a traditional computing system, most input represents an independent data stream that may
have inherent temporal relationships within its data elements. Such data can be considered as
one stream independent of any other data sources/streams. Thus, even in cases when data is
coming from many sources, the system considers them independent sources and can process,
send, and receive them using different networks. This is because the semantics of each stream is
independent of other streams. Many networking approaches utilize this data characteristic as a
fundamental assumption. As shown in Figure (Independent), these data streams are independent
of each other and hence can be processed, transmitted in networks in packets, and assembled at
the receiver independent of other streams. In Figure (dependent), we show data streams whose
semantics is intertwined and efforts to consider them independently results in loss of semantics
and hence information. This intertwining of data streams and joint semantics is what makes mul-
timedia systems different and needs to be considered in most components of a multimedia sys-
tems. Some aspects and approaches for this intertwining and maintaining semantics of multime-

dia streams are discussed in the previous chapter on Synchronization.
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Processing Unit

The brain of a computer are its processing units. The fundamental processing units in a digital
computer still remain the same, though they have become many orders of magnitude faster,
smaller, and cheaper. A mobile phone today packs more processing power than the computers
that occupied large air-conditioned rooms. Another major difference is that processing can be
distributed using powerful networks so many, sometimes millions, processors located geographi-
cally at different places may function in concert as one processor. But underneath all these
changes the constant is that the processing is still on binary numbers and builds complex opera-
tions using simple operations on binary numbers. All multimedia operations must be converted

to these simple operations for execution.

Storage

Memory or storage is a fundamental component of computers that made it different from calcula-
tors and resulted in development of so many different applications. In the last six decades of digi-
tal computing many different types of storage mechanisms have evolved and continue to be
evolving. Many levels of storage systems have been designed based on their relationships to the
processing units. These are commonly called main (or primary) memory, secondary memory,
and tertiary memory. Like processing units, the capacity of storage units at every level has seen
enormous growth in its capacity and speed while equally dramatic reductions in its cost. Memo-
ries have now their own processing units to make them be more effective in communicating with
the processing unit as well as input output devices. However, the fundamental nature and role of
memory remains the same: store binary data. All multimedia data is ultimately converted to bi-
nary data along with its associated metadata that is also binary. The data management unit of the
operating system is responsible for maintaining and using information related to the type of the

data and how it should be transferred in and out of memory to other units.

Input/Output Devices

The most important difference between traditional computing systems and emerging multimedia
systems is that the input data streams as coming from different devices in multimedia systems
are strongly correlated and this correlation is strongly manifested by their spatio-temporal rela-
tionships. These relationships must be maintained within allowed variations otherwise the se-
mantics or the quality of experience of these signals deteriorates rapidly leading to sometimes

meaningless communication. In the chapter on synchronization (Chapter Synchronization) we
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will discuss some of these aspects. In this chapter, we will discuss some computational aspects

of these potential relationships and their effect in computing systems.

All multimedia input devices are sensors that capture physical measurements in an environment
and convert it to a signal that is then converted to its digital form and handles in a system appro-
priately. This will be discussed in depth in the subsequent part of this book. In addition to the
sensor inputs, metadata is often used to conserve the spatial and temporal relationships among
various signals, as already discussed in Chapter XXX. Each signal type is then finally rendered
in its type using a physical device. Thus, audio signals captured using a microphone, must be
rendered using a speaker and visual signals captured using a camera must be rendered using a
display device. The characteristics of the output device on which a signal is rendered should
meet characteristics of the input device for reproducing the signal in the same way. We dis-
cussed some characteristics of these in other chapters. Details of these should be found from the

manuals from the devices and are not discussed here.

Networking

Nowadays, multimedia systems are often based on intense utilization of networks. In traditional
computing, computing used input from local devices and the output was also provided to local
devices. With the popularity of PCs and the World Wide Web, communication started becoming
a major component of computing and that synergistically expanded the role of networks in com-
puting. Once communication started becoming popular, and multimedia devices started becom-
ing affordable the nature of computing went through a major transformation. The first decade of
this century saw major growth in audio-visual information, experiential knowledge, and audio-
visual communication and entertainment. There has been a dramatic increase in the volume of

multimedia information, as shown by the chart in Figure Growth of MM.

Multimedia information is naturally produced at one place and is edited, stored, and dissemi-
nated at other geographic locations. On the other hand, increasingly live communications rely on
large volume of data transferred as High Fidelity and High Definition data across the world. To
feed to this trend, most mobile phones are now becoming multimedia communication devices
and are owned by more than 75% of the population of the world. All these suggest that in the
near future, we are likely to see increasing use of multimedia communications in all aspects of
human activities. This will replace the dominant medium — the text — until recently. This is a

very important consideration in multimedia systems.
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In current multimedia systems, input devices convert the analog signals commonly created in the
physical world to digital signals and then these digital signals are appropriately processed and
stored. Similarly, all digital signals must be converted to analog signals for rendering them in
human consumable form. This is shown in Figure Comm. Since most data is processed and
stored as digital signals, all multimedia communication is mediated by computing systems. In
the figure, we show only two different nodes for input and output of the multimedia data streams.
One must consider several such nodes and consider how these nodes are placed and how they are

related in space and time to understand how multimedia system may be designed.

Different Configurations of Multimedia Nodes
Multimedia content is created and consumed in many different forms. The way content is cre-

ated and then distributed, determines the architecture and technology that is

Network
Input Devices
s . B —"
Processor Network
o . .
Output Devices

Multimedia

Multimedia

Data Store Data Store

Figure Comm: Multimedia communication systems capture and render signals in analog
form, but process and store it in digital forma. This makes computing systems an essential
component of communication systems.

required. This is an area that is likely to be evolving for some time in the future. In this chapter
we discuss some modes which have been commonly used for some time and some that are evolv-
ing rapidly and are likely to be common in near future. Before discussing different modes of
multimedia consumption we briefly discuss the notion of Quality of Service (QoS) and Quality of
Experience (QoE) that are used in quantitatively characterizing parameters to be used for meas-
uring performance of the overall system as well as using these parameters for controlling re-

sources in the system.
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QoS and QoE

Quality of Service is commonly used to define and control performance of applications distrib-
uted over several computing related resources. For applications that consume many resources
(including processing, storage, bandwidth, and I/O devices), techniques to ensure end-to-end
service quality by managing resource utilization is essential. As we will see in the following,
resource management and protocol implementation needs to consider the effect of decisions on
the overall performance of the system as perceived by the user. QoS allows specification of the
expected performance of the system by combining effects at different layers of the system. QoS
specification must consider a multitude of properties including performance characteristics,
availability, responsiveness, dependability, security, and Adaptivity of individual layers and

components.

In developing approaches to specify QoS, one considers descriptions of quantitative QoS pa-
rameters (jitter, delay, and bandwidth) and qualitative QoS parameters, such as processor sched-
uling policy and error recovery mechanisms. QoS specifications must be declarative in nature.
They should specify what is required without specifying how the requirement should be carried
out. Finally, these specifications should be accompanied by a compilation process to map the

specification to underlying system mechanisms and policies.

Quality of Experience (QoE) is related to but different from QoS. QOoE is a subjective measure
of a customer's experiences with a media as delivered by the system. Unlike QoS which focuses
on the performance of the system and is measure in objective terms such as delays, use of band-
width and jitter, Quality of Experience systems try to quantify what customer will directly per-

ceive as a quality parameter. It usually asks questions about the performance in subjective terms.

Stored Video

In this mode a video stream has been acquired, edited and stored on a server. This video is now
ready for distribution. The video data contains two major streams one containing an image se-
quence and the other containing audio stream. Both these may be already compressed and
stored.with proper synchronization information. Depending on the location of the user, the copy-
right and other business issues, and the technical specifications of the server and client, the video

may be made available in one of the possible two modes as discussed below.

G. Friedland, R. Jain Introduction to Multimedia Computing




Gerald Friedland Oct 27, 4:41
PM

label

Download and play

In this mode, the whole video is first downloaded on the client so it is stored there. And then it
can be played. In this mode, the client requires enough storage, and the video is downloaded

once and then can be played many times.

Streaming multimedia

Streaming multimedia usually means real time transmission of stored video such that it is ren-
dered at the client maintaining synchronization among different components. In some cases,
even live video from multiple locations could be combined into streaming multimedia compo-

nents as we will see in a following section.

In streaming mode, the content to the client need not be fully downloaded before it starts render-
ing. While later parts of media components are being downloaded, the streaming player starts
playing the media. In effect, the system maintains a buffer of the content by estimating network
conditions so the application can display media to users while guaranteeing quality of experi-

€nce.

In Figure Streaming, we show components of a streaming video system A streaming media
system usually has the following components. We discuss these components considering the

most common example of video streaming.

Compression: Most media is compressed, i.e. converted into in a more efficient but possible
lossy representation before it is stored and transmitted. Compression techniques are discussed in
Chapters XXX-XXX.

Application Layer QoS control: In networks, packet loss and congestion affect the timing and
quality of streams received. Application layer QoS control is responsible for dealing with con-
gestion on the network and maximize video quality even when packet loss takes place. Network
congestion may result in bursty loss and excessive delays. Congestion control techniques at-
tempt to minimize the effect of congestion by matching the transmission rate of the media stream
to the projected bandwidth that may be available. These techniques usually try to control the rate

based on source, receiver, or both.
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Continuous Media Distribution Services: Audio, video, and other media streams are consid-
ered continuous media because they represent a sequence of media values that are time ordered
and make sense only in that order for the media as well as in relation to other media. Moreover,
with respect to other media, synchronization is required to preserve the semantics as well as
quality of experience. Since this media is transmitted over the best-effort Internet, using IP pro-
tocol, the sequence of received data may not be guaranteed to be the same as that transmitted.

Many techniques have been developed to address some key problems in this area.

Network filtering techniques estimate network congestion and maximize video quality by adapt-
ing the rate of vide streams according to the network status. To reduce the load on the video
server, such filters may be placed in the network. Server and clients usually have separate chan-

nels for control signals and for data to the filter.

Another technique used for media distribution is /P Multicast. Normal networks deliver content
or data to only one client. IP Multicast is designed to deliver the content to multiple clients as
dictated by the application. Such a service is built on top of the internet protocol. This allows

application providers to build their multicast services on top of the regular Internet.

Content replication is used for improving scalability of media delivery systems. Two common
approaches for this are caching and mirroring. These are used for reducing the load on the
streaming servers, reducing bandwidth requirements, improving latency for clients, and for in-
creasing availability to more clients. In mirroring, a copy of the original content is placed at

multiple locations in the network, based on estimated requests for it. This means that at a par-
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ticular location, multiple users will be directed to the copy that is locally stored. This reduces
bandwidth requirement as well as latency. Caching of the content for a client is done based on

estimation of the use of specific content by them.

Streaming Servers: Streaming servers process multimedia data under timing constraints to pre-
vent undesirable artifacts during presentation at the clients. They are also responsible for provid-
ing stop, pause/resume, fast forward, and fast backward operations when requested by a client.
Finally, retrieving media components and presenting them while guaranteeing synchronization
requirements is also their responsibility. Streaming servers accomplish these by using three main
components: Communicator, Operating System, and Storage System. As shown in Figure
<Streaming>, the communicator involves the application layer and transport protocols. A client
communicates with a server and receives multimedia contents in continuously, while guranteeing

synchronization.

The operating system requirements in multimedia systems are significantly different. An operat-
ing system for streaming services must satisfy real-time requirements for streaming applications.
A storage system for streaming services has to consider the continuous nature of media compo-

nents and support storage and retrieval to meet those requirements.

Like an operating system in a general computing system, a real time operating system is respon-
sible for controlling and coordinating all resources in computing environment by considering all
requests and managing and scheduling all resources including processors, main memory, storage,
and input/output devices. The major new requirement is to mange additional requirements re-
sulting from the large volumes of continuous data that also has synchronization and timing re-
quirements. The added requirements in real time operating systems in multimedia computing are
addressed by considering process management for addressing the timing requirements of stream-
ing media, resource management for meeting timing requirements, and file management to ad-

dress storage management.

Storage management for multimedia data becomes challenging due to the large volume of data,
high throughput, synchronization requirements, and fault-tolerance. One of the most challenging
issues has been related to high throughput requirements for the data while maintaining synchro-
nization among different streams. Three commonly explored approaches have been: data strip-
ping, disk-based storage, and hierarchical storage. These three approaches are shown in Fig-
ure<storage>. Data stripping techniques are used to allow multiple users to access the same
video content at high throughput. A video is split into many segments and these segments are
scattered on multiple disks, which can be accessed in parallel. This scheme is shown in Figure
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<Storage> a. This scheme allows multiple users to access different segments in parallel enabling
high throughput. The most obvious scheme is shown in Figure b. In this scheme, multiple
disk arrays are used to manage large volume of video data. These disk arrays can become really
very large and expensive. Cost considerations result in the hierarchical storage architecture,
shown in Figure c. As seen here, now one uses three levels of storage: memory, primary storage
commonly in the form of disks and disk arrays and retiary memory in the form of tape library.
For even larger scale deployment of content services, storage area networks comprising of high

speed data pipes and multiple sorage centers are implemented.

Media Synchronization: The semantics as well as the quality of experience of multimedia de-
pends on ascertaining proper synchronization among different streams. Synchronization be-
comes challenging due to the nature of current networks and protocols designed for traditional
data streams. Considering importance of synchronization, this issue is discussed in details in the

chapter <synchronization>.

Protocols for Streaming Media: Communication between clients and streaming servers is
specified at three different levels: Network-layer, transport, and session control. In Figure <pro-
tocol> we show relationships among different components and the protocols. For addressing and
basic services in the network, IP used commonly in Internet services is also used by multimedia

services.

Transport protocols, such as UDP (user datagram protocol) and TCP (transmission control proto-
col) are used at the lower layer for basic transport of data. RTP (real time transport protocol) and
RTCP (real time control protocol) are implemented on top of those basic data protocols and are

used to manage multimedia communication.

During a session between a client and a stream server, all messages and control communications
use session control protocols. RTSP (real time streaming protocol) is used for establishing and
controlling media streaming sessions. This protocol is responsible for specifying and performing
VCR like operations. SIP (session initiation protocol) is used for creating modifying, or termi-

nating two party or multiparty communications using multiple media streams.

As shown in Figure <protocol>, the compressed media data streams at RTPlayer, where RTP —
packetized streams are assigned sequence numbers as well associate synchronization informa-
tion. These packetized streams are then passed to UDP/TCP layers, which in turn pass this to IP

layer for transporting to Internet. The control signals using RTCP and RTSP pacts are multi-
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Live Video
Video is the most common form of streaming media. A video usually combines at least two con-
tinuous media: audio and image sequences. In many applications, text streams may also be asso-

ciated. Recently in many applications, tactile and other media are also being combined in special
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applications of video. In this section some established modes of video are discussed along with
some emerging forms of video. It is important to see how different types of streams are prepared
and consumed to design architectures for these systems. It is expected that this area will remain
very active and with advances in technology, many new modes and applications will emerge.
However, in this section we will discuss only those modes that have been active already for some

time.

One camera video

A significant fraction of video applications used video that is captured using only one video cam-
era. Such video usually has single image and audio streams and both those streams are captured
using closely located camera and microphone. During the editing process some other streams
may be added, but in this case synchronization issues are the easiest and video can be easily

transmitted using common video transfer or streaming techniques.

Multiple camera videos/produced as single

Most sports and entertainment videos are captured using multiple cameras and then edited and
produced into a single video stream. If the video streams are edited just select cameras in a par-
ticular segment then synchronization issues remain easy. If one selects image stream from one
camera and audio stream from another camera or an independent microphone, then in the editing
phase one must consider relative location of image and audio source to synchronize them to
make them natural. In this case, the editor has to take care of synchronization issues during the

editing phase. Once the video is produced, it becomes a single video stream that is

Multiple Perspectives Interactive Video

In the traditional model of television and video is based on a single video stream transmitted to a
viewer. A viewer has option to watch, and use standard VCR controls in recorded video, but lit-
tle else. In many applications, such as in sports, several cameras are used to capture the event. A
human producer decides which video stream should be transmitted to users at any given time in
the event. Thus, the producer acts like a multiplexer deciding the stream that is transmitted while
blocking all other streams. It is well known that different people may be interested in different
perspectives of the event and hence may consider different sequencing of events as more desir-
able. Multiple Perspective Interactive Video, or MPI Video, can provide true interactivity to
viewers. A viewer could view an event from multiple perspectives, even based on the content of
the events. MPI video will overcome several limitations of the conventional video and provide
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interactivity essential in applications ranging from scientific inventions to entertainment. In the
conventional video, viewers are passive; all they can do is to control the flow of video by press-
ing buttons such as play, pause, fast forward or fast reverse. These controls essentially provide
you only one choice for a particular segment of video: you can see it or skip it. In the case of TV
broadcast, viewers have essentially no control. If a viewer must see what the broadcasters decide
to show them or change away from that station. Even in those sports and other events where mul-
tiple cameras are used, a viewer has no choice except the obvious one of keeping the channel or

using the remote control and go channel surfing.

A MPI Video system integrates a variety of visual computing operations along with three-
dimensional modeling and visualization techniques to provide automatic analysis and interactive
access to data coming from multiple cameras concurrently monitoring an environment. The sys-
tem creates a three-dimensional model of dynamic objects, e.g. people and vehicles, within this
environment, and provides tracking and data management of these objects. Using this informa-
tion, the system supports user queries regarding the content of the three-dimensional scene. Such

a system is shown in Figure MPI.

In MPI systems, the system knows the location of various cameras and using processing finds
locations of objects of interest at every time instant. Based on user queries, such a system should
then create a synamic sequence of vide based on a users request. Since there could be many us-
ers, each with a different request, the system must prepare as many different video sequences as

different queries.
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Immersive Video

Immersive video is a further enhanced version of MPI video. In immersive video, one uses vis-
ual analysis and reconstruction techniques to create a complete three dimensional model of the
environment being observed by the cameras. This model contains all dynamic objects and has
their models also in the system. Since the system has complete three dimensional model of the
environment, it can recreate the scene from any perspective that user wants. This may allow a
user to imagine that he is standing on a football field where players are in action and is observing
all actions as in a virtual reality system. In fact, these systems could be called real reality system
because they create the model of a real world to allow a user to experience this world in its com-
plete visual reality. Such a system is shown in Figure reality and an example of what a user will

experience is shown in figure real reality experience.

The high-level software architecture of an immersive video system contains the following
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components:
1. A video data analyzer detects objects from each individual input video.

2. An environment model builder combines a priori knowledge of the scene with information ob-

tained by the video data analyzers to form a comprehensive model of the dynamic environment.

3. A visualizer generates a realistic, virtual video sequence as interactively requested by the user.

Figure Immersive Video.

Emerging Systems

Multimedia systems are going through rapid evolution. Just two decades ago, most of the com-
puting used only alpha-numeric data and hence all systems were designed to deal with very lim-
ited data types and did not consider continuous media in their design considerations. Today, in
the early part of the second decade in the twenty first century the main computing and communi-
cation client is emerging to be a ‘smart phone’ which has more media power, in terms of number
of sensors, than human beings and most communications are becoming multimedia contextual
experience sharing rather than abstract textual sharing. It is difficult to imagine how we will
share our experiences with people and how will we create knowledge in future. What is clear is
that the evolution of this trend is going to continue for some time. In this section, we presented
fundamental nature of multimedia systems. To understand details, one must approach vast litera-
ture in this area.

The paper by Wu et al, for example is a very rich resource for concepts as well related sources
related to streaming media. We strongly recommend this paper for anybody interested in details

in this area.
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Chapter 10: Brief Introduction to User Interface Design

So far, we have mostly described ideal and typical environments. In this chapter, however, we
present concrete advice and rules that will help build multimedia applications that provide a good
experience to the user. The examples are mostly based on the GUI standards at the time of writ-
ing this book. Ideally, many issues will not arise anymore when the typical point and click GUI
has been replaced by applications with immersive sensor experience. However, in the mean time:

How can we make our multimedia application friendly to its human user?

There is no easy answer to this question. In this chapter, we will focus on a few important as-
pects of human-computer interaction (HCI), which we think provide enough introduction for the
reader to be able to start thinking about the major issues and to continue studying the field fur-
ther. We start with some general rules of user interface development and then continue with an

introduction to human-based evaluation.

r 1

4 x
o Could not save launcher

Falled to close file 'Wshoku/dafractor/ gnome2/panel2 d/
defaurAaunchers/eek-0047380e5r desktop FHTVSY: rclase()
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& oK

)

Figure 1. The developers of an application thinking inside-out is one of the most frequent
causes of bad user interface design. This real-world example of a confusing dialog box pre-
sented itself to the authors during the creation of this chapter.

User Interface Design

Most of today’s applications, especially ones that support multimedia in any way, use a graphical
user interface (GUI), i.e. an interface that is controlled through clicks, touch and/or gestures and
allows for the display of arbitrary image and video data. Therefore knowing how to design GUI-
based applications in a user friendly manner is an important skill for everybody working in mul-
timedia computing. Unfortunately, with many factors that go into the behavior of a program and
the perceptual requirements of the user, there is no unique path or definite set of guidelines to

follow. So is it better to have the menu bar inside the window of an application or is it better to

G. Friedland, R. Jain Introduction to Multimedia Computing

147



have one menu bar that is always at the same place and changes with the application?® As we
assume the reader knows, this is one fundamental difference between Apple’s and Microsofts
operating systems -- and it is hard to say one or the other is right or wrong. However, some
standards have evolved ver many years and using research results and feedback from many us-
ers. These standards can be seen in many places today in desktop environments, smartphones,

DVD players, and other devices.

Don’t think inside out: There is one important rule that it is universally true for any machine or
application interface: Never assume that the user knows what is happening inside the program.
This is called “thinking inside out”. The interface should assume no knowledge of any kind of he
insides of the program. While this seems obvious, it is more than easy to accidentally require
much more knowledge about a program than a user has because, after all, the creator of the pro-
gram has intimate expert knowledge. Most user interface glitches are the result of a violation of
this rule. When we introduce ourselves to people, we start with stating our name and then go on
to a small selection of facts that are relevant in the context of the conversation. A program should
follow the same guideline: It should present itself inside the user interface conventions of the
particular device and then only expose those details that are required and expected by the user. If
the program “introduces” itself with difficult technical details that are hard to understand, the
user, especially a first-time user will probably reduce his or her interaction to finding a way to
end the program and think about a different solution to his or her problem. The dialog box in
Figure 1, from a modern, heavily-used application, shows a bad real-world example of a devel-

oper thinking inside-out.

Not all issues are as obvious as the one shown in Figure 1. In fact, most of them are not, how-

ever, Figure 1 shows you how severe the issue can become.

® AVG Free Edition X

J Updste was unsuccesshu

3
U

6 This particular example has been studied quite thoroughly, see the references for details.
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Figure 2. An “OK” button in a normal dialog box usually suggest everything went fine. In
this case a process failed, however, so the user should be presented a warning message.

Develop task-oriented rather than technology-oriented interfaces: This is one rule that espe-
cially true for multimedia applications. In multimedia applications designers tend to present us-
ers with as many outputs (that is, different media) as possible. This is often confusing to the user,
who would find the system easier to use if there were fewer choices. Choosing wisely is key
here. Most importantly, one has to focus on what the task is and what the user is capable of once
the technology fulfills all requirements. Larry Wall, the creator of the PERL programming lan-
guage is often quoted saying: “Common things should be easy, advanced things should be at
least possible”. Especially for multimedia applications this means having the function in mind

first and then the presentation.

A common example that demonstrates this is: Just because you have several hundred fonts to
choose from it doesn’t mean a document should use all of them. In fact, typical publications only
use 1 to 3 fonts because most readers would not find it appealing to look at a mess of fonts. Fig-
ure 2 shows a more subtle example of this problem: A user is presented with a dialog box when a
problem occurred. Technology-wise it is easiest to think of any warning message as a dialog box.
Task-wise this could result in disappointment and frustration for the user as an “OK” button in a
normal dialog box usually suggest everything went fine. In this case a process failed, however, so

the user should be presented a warning message.

In general, when designing the user interface to your application you should ask yourself the fol-

lowing questions:

- What are the (mental and physical) capabilities of the user, e.g. what are the technical terms un-

derstood by the user?

- What are the tasks that the program is helping the user to achieve and what information has to

be presented and asked from the user for doing so?

-What are the upper and lower limits for resource requirements needed to accomplish the tasks,
e.g. how much disk space is required and how much memory has to be allocated? A typical eror

made here is to restrict array lengths arbitrarily and exposing the limitation to the user. Many of
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the Y2K bugs fall into this category, as developers underestimated how long their application
would be used. In the multimedia community, screen resolutions and sampling rates have often

been part of this problem.

- How can the application make the most important tasks easy and quick and the less frequent
tasks at least possible? In other words: Find the right compromise between the ease-of-use and

the complexity of the program.

The most common issue for multimedia computing in this regard is probably a device that eve-
rybody has at home in abundance: The remote control. Remote controls are inherently technol-
ogy oriented, especially multi-device remote controls which can be used to command TVs,
DVRs, and home theater systems alike. While some of the buttons, such as volume control, pro-
gram up and down, and play and pause show standardized symbols, most other buttons look dif-
ferently on every type of remote control, and most users will agree that the function of some but-
tons remains a mystery forever. A task-oriented remote control, would only show buttons that are
interesting to the user at a given point (e.g. when the DVR is used to playback a recording, the
program buttons could be grayed-out). Also buttons that are rarely used should be hidden in an
advanced setting. Of course, this is harder to realize with a physical remote control but it is pos-

sible in a display-based remote, e.g. on a cell-phone (see exercise #7).

Don’t be creative when you shouldn’t:_Suppose you meet with your friends to play soccer. You
have been doing this together for a long time, but this time you decide to change the rules with-
out telling them. Small children know that such a behavior will most likely lead to confusion,
frustration, and conflict. The same applies to user interface design. When the device or operating
system manufacturer sets a standard for certain GUI elements to behave a certain way, your pro-
gram should not change the behavior. You must understand the rules for a certain GUI element
(such as a modal dialog box) and not use the element in a different way. Like the soccer example,
doing so will lead to confusion and frustration of the user and also potentially to conflict with
other applications that share GUI elements. Some device manufacturers also enforce GUI stan-
dards and will likely cause you to redo your interface during quality assurance. While this rule is
true for any application, multimedia applications are the most prone to tempt you to abuse pre-
defined UI components. The reason for this is that conventional operating system interfaces are
originally created for text and mouse input and output while multimedia applications might deal
with various inputs and require content-based selection and editing operations. Figure 3 shows an
example of a system that uses a chalkboard metaphor instead of a desktop metaphor. As of the

writing of this book, most of these are not yet standardized. As a result many requirements of the
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Desktop metaphor had to be ignored when designing the system and replaced by rules that make
more sense. The recommendation here is to stay as close as possible to the interface standard and
only takes as much freedom as is required. Finding the right and intuitive solution might require
user interface studies, as explained later in this chapter. Another firm rule here is that the user

should never have to perform unnatural or unintuitive actions.

Figure 3. The electronic chalkboard system E-Chalk is an example of a multimedia system
that would not work with the desktop metaphor.

Foster the learning process of the user: One of your goals as an application developer should
be to bind the user to your program for a long time. This is best achieved when the user incorpo-
rates your application more and more into daily live and thinks of it increasingly often when a
new problem comes up. A user’s first use of any program is likely to be something simple but
each task should increase the user’s understanding of the your program so that the user gradually
learns to use the application to solve more sophisticated problems. In this way it is very likely

that the application will become an important tool in a user’s life.

To foster the learning process, your application interface should follow one concrete philosophy
(see example later in the chapter). For example, many operating systems follow the Desktop
metaphor, therefore using terms like “folder”, “file”, and/or “trash bin”. Sticking to the metaphor
or philosophy is very important, inconsistencies or contradictions should be avoided. Most im-
portantly, the environment should be made riskless along the philosphy. For example: Like in

real life, things put in the trash bin, can also taken out of it when they haven’t been in the bin for
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too long. Undo and redo functionality make using computers for typewriting even less risky than
using a physical typewriter. Riskless environments promote learning because making a mistake
is not penalized heavily encouraging exploration. Another examples is intelligent default values:
They help exploration because the user can see what happens before understanding what the val-
ues mean. Figure 4 shows another “bad” real world-example: even an experienced user would

have to think twice about whether to say “Yes” or “Cancel”.

Another property of a program that promotes learning is transparency. Of course, the user does
not always have to know what is going on -- this would contradict the first paradigm of not think-
ing inside out. However, the user should always know what is expected of him and what he can
expect from the computer. So if a certain action triggers an LED to light up, it should always do
that. Programs should also not start tasks on their own without educating the user about it. Nu-
merous system tools, such as virus scanners, have violated that rule in the past, by starting back-
ground or update processes with the result that the user becomes frustrated because the com-
puter is slower or unresponsive without the user causing any action. A typical multimedia exam-
ple here is fast-forwarding or rewinding of a video using a typical Internet player interface: Often
it is not clear how long the process will take because it depends on the encoding of the video and
the bandwidth of the connection between video server and player client. So many users don’t
even want to touch the controls anymore once a video has started playing. This issue is called

responsiveness.

o e e oo B

You may want 1o let the meeting organider know you
' changed ths meetng. If the mestng organizer sends
. an update for this meeting, your changes will be kost.
Is this O?

Cancel

Figure 4. Fostering the learning process the wrong way: Even an experienced user will have
to think twice to know what button to press.

Responsiveness refers to the ability of a program to complete a task within a given time. The
paradigm of transparency requires to educate a user about tasks that will take longer than an ex-
pected time span. For example, when the computer is not responsive due to a compute or I/O-

intensive operation, a busy cursor should be displayed, otherwise the user will think something is
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wrong. If the operation takes longer than a while the operation should be cancelable and a pro-

gress indicator should indicate the estimated time until completion of the operation.

Responsiveness has been studied, especially in connection with multimedia computing (see ref-
erences XXX). The general rule is that when a program is not able to respond to user interaction
for more than about one to three seconds (depending on the general responsiveness of the device)
the user should see an indicator for this being normal, e.g. an hourglass cursor. Other rules of
thumb include the following: If an operation occupies the machine for more than about ten sec-
onds, the application should show a progress bar. Operations of 20 seconds or longer or when the
duration is hard to determine should show a progress indicator and should also be easily cancel-
able. Operations that take several minutes, e.g. the conversion of videos from one format to an-

other, should inform the user of this and prompt confirmation.

Sometimes it can be tricky to assess the time duration of an operation because the computation
time to perform a task of course varies from computer to computer, depends on the data being
processed and may change with available bandwidth. One solution to the problem is sometimes
to perform a small subset of the task (e.g. convert only a couple seconds of a video) and then es-
timate how long the completion of the entire task will take. It is usually acceptable to slightly
overestimate. Another solution might be to perform the task in the background (e.g. on a secon-
dary CPU core) and have the computer not be unresponsive to user interaction. Rather than dis-
abling all the interaction, only interaction that depends on the task being completed is disabled.
For example, further operation on a video being converted might be prevented but loading a sec-
ond video might still be enabled. So the user may choose to perform a different task instead of
waiting. Of course, it must be transparent to the user what the computer is occupied with and
what interaction is still possible. A third solution, that works particularly well with many multi-
media applications is to visualize the progress in addition to showing a progress bar. For exam-
ple, when transforming a video, the program could show the frame currently being processed.
While this does not cut down on processing time, in fact it will most likely increase processing
time, it might cur down on perceived processing time as the user is engaged in the visualization
of the content. As explained above, user interface design is not about objective numbers, it is

about subjective satisfaction.

Test your program with real users: The most important rule is to always test your application
with real users. The above stated principles and rules are neither comprehensive nor do they

guarantee success of an application. Furthermore, let’s assume you think your program presents
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itself in a learning-promoting way and hides exactly the right amount of details. How can you be

sure? After all, you might be thinking inside-out.

The rest of this chapter will introduce the basics of human-based evaluation.

Evaluation of Software through Human Subjects
Dix et al. (see references) formulated a simple equation for the measurement of the usability of a

program:
Usability = Effectiveness + Efficiency + Satisfaction

Of course, quantifying the parameters of the equation is not only complicated but also subjective.
Different parameters might have different importance in different applications. In a computer
game, for example, satisfaction probably equals effectiveness. Depending on the game, effi-

ciency might or might not matter. So how does one measure the usability of an application?

Again, there is no silver bullet method to measure the usability of an application. An often used
method in industry is to equate user satisfaction with profit. For example, one of two webpage
designs is shown to new visitors at random and then the company appearance is further opti-
mized in the direction of the page that results in most sales. The method is called “split test”. The
main drawback of the method is that sales numbers might correlate with many other factors and
decreasing sales numbers might not be caused by bad webpage design. Two more verifiable
methods are the video surveillance tests and questionnaires. Of the two, video surveillance tests

are probably the most effective.

Video Surveillance Test

For a video surveillance test, candidates are chosen that represent the typical users of a particular
application. It is best to select persons to represent a variety in gender, age, ethical, social, and
educational background. The candidates are then given a set of tasks to solve with the applica-
tion. Sometimes it can be effective to also set a time limit. With the consent of the participants,
video equipment records audio and video of the users behavior together with the screen of the
running application. It is best to not at all interfere with the test participants and to isolate the test
subjects so that they cannot interfere with each other before, during, and after the test. Of course
the tasks should be chosen wisely and probably in order of increasing difficulty. The tasks should
be formulated general enough so that a user does not only have follow instructions but has to fig-
ure out the steps to achieve the task on his or her own. It may sometimes make sense to ask for

tasks that are not achievable. In any ways, to avoid frustration, clear instructions must be given
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what to do in the case that a user does not find a solution, eg. that he is allowed to skip a task.
One of the most important suggestions with any kind of user study is that the higher the number
of participants (“higher n”) the better. More participants will not only allow for a significant re-
sult but also help to find errors both in the application and in the test setup. Unfortunately, still
too many user studies are often performed using “n=20 students from my department” because a

video surveillance test with a high number of users is expensive and time consuming.

For example, a well-known beverage manufacturer created a new vending machine and used a
video surveillance test to find out about users’ reactions to interacting with the machine. After
watching all the videos and discussing between management and developers, they found that
everything seemed to be in order, except the user experience can be improved by an option to not

only pay with coins but also with bills. So this was added to the machine.

Questionnaires

To reach a greater audience, eg. over the Internet, questionnaires can be used. It is usually best to
try a video surveillance test using a small set of participants first, address the issues raised as a
result of the test in the application, and then create a questionnaire that targets the improvements
in the application along with other issues raised in the video surveillance test. Questionnaires
can only get feedback on potential problems that the maker of the questionnaire is already aware
of. While adding free form space to a questionnaire is possible, one should not expect the most

extensive feedback from it -- after all, testers are not software developers!

Continuing the beverage-manufacturer example: to quickly prove that allowing users to pay with
bills was successful, another user study was performed. This time, many more people were
asked to participate and the only thing they had to do was fill out a questionnaire rating their ex-
perience using the machine on a scale from 1 to 10. As control, the old vending machine was
tested with the same questionnaire. Now, most questionnaires for the new machine had a worse
score than the control test using the old machine. Development and management were devas-
tated: How could adding a feature that people wanted to a vending machine that was already
quite good make the experience so much worse? The solution is this: When the vending machine
only accepted coins, participants had been told in advance to bring coins. So the vending went
smooth and comments in the videos were mostly about details. Now, that the vending machine
also accepted bills, the participants were not told anything about payment modalities. As a result,
most participants ended up not having coins and tried the bill slot. This would have been no is-
sue, except the bill slot happened to not have worked very well because the bills could only be

inserted in one particular way which the developers had already trained themselves to. As a re-
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sult, the machine did not work at all for many subjects since the bill was rejected several times,
resulting in many participants just giving up. So while the rest of the vending machine stayed the
same, adding a feature made the user experience of the vending machine much worse and finding
out about it was hard from the survey questions as developers expected them to be mostly posi-

tive.

Good design and thorough reviewing of questionnaires is very important. A large number of
well-filled-out questionnaires will lead to significant results that are reportable in scientific publi-

cations and to an improvement of the application.

Significance

Especially when surveys are performed for scientific publications the question often arrises
whether the outcome of the responses to a question on a questionnaire is statistically significant,
i.e. when performed for a second, third, and further time, would the questionnaire lead to the
same results? In other words: Is the outcome of this questionnaire random or a valid result. For-
tunately, statistics can help here: Significance testing allows the survey analyst to assess evidence

in favor of some claim about the participants from which the sample has been drawn.

In the end though, mathematical significance testing is not a guarantee for actual results. Con-
sider the following real-world example: To test a new audio codec, the developers compressed
several audio files using the different codecs and let users in the Internet listen to the codecs and
rate them according to their perceived quality. To their big surprise, the codec with the highest
bandwidth got the worse results, which was obviously better then the worse codec whenever it
was presented to individuals outside the test. The test was definitely repeatable and statistically
significant. What had happened? The developers had used different audio recordings. However,
the one using the highest-bandwidth codec was a speech recording from a non-native speaker
which some of the participants had a hard time understanding. This lead the test subjects to give
the codec a bad score since they had only been asked to rate “the perceived quality”. So the mis-
take here was to not eliminate all factors. A short interview after the test might have helped

eliminating this oversight in the first place.

Again, this example shows, there is no silver bullet and human-computer interaction is a hard
soft topic (hard in the sense of difficult and soft in the sense of not strictly logical). The reader is
encouraged to delve into the literature for more information but, most importantly, to go ahead

and try it out!
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Exercises

1. List examples of thinking inside out that do not pertain to UI development.

2. What are the major advantages and disadvantages of command-line interfaces?

3. Give one example where the desktop metaphor fails and explain why.

4. Create a program to measure the time it takes to find a random specific point on the screen and
click on it with the mouse. Then create a program that asks to press for a certain key on a ran-
dom point on the screen and measure the response time. Compare the two and discuss.

. Design a task-oriented remote control that can control a TV and a DVR.

6. Explain the notion: “Responsiveness = Perceived Performance” and give more examples of

techniques that help increase perceived performance.

7. Find 3 GUI bloopers in the Internet that fall under the category “don’t be creative when you
are not supposed to”.

8. Choose an office program (e.g. OpenOffice writer) and create three tasks that a user should
solve using the program. Choose three test subjects from your friends and family and watch
them while they are performing the task. If you can, you should use a camera to make sure not
to interact with them.

9. Repeat 7 but this time create a questionnaire. What is different?

10. If you are restricted in the number of subjects to be participants in a user study (e.g. n=20) --
what is a good strategy to still obtain significant results?

11. Take the clairvoyant example from the text: How many cards have to be tested minimally for
the test to be equivalent to a full 25 card test?

9}
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Chapter 12: A Note on Privacy and Security Issues

In this chapter, we will discuss some issues that are not so much of technical nature but are a side
effect of the power of multimedia. Since multimedia data is directly encoded for human percep-
tion and does not necessarily undergo a creator’s mind filter (like text), there are some problems
that do not usually arise with the creation, distribution, and consumption of other types of data.
We think it is of outmost importance for researcher and practitioners in multimedia computing

field to always be aware of security and privacy concerns.

Issues of the Effect of Multimedia Data

Probably the most commonly discussed issue of multimedia data is that of the effect of multime-
dia content on people. Technically, humans could be interpreted as sensors perceiving the data
encoded and then interpreting it. This can lead to emotional reactions ranging from entertainment
and excitement to sadness and even trauma. The reason for this is that multimedia data allows us
to perceive people, objects, events, actions, and places that we would not be able to perceive

without multimedia recording.

Naturally, this is foremost a problem in children. Therefore, magazines, movies and computer
games are usually rated for a certain age group. While this is true for books as well, it’s not as
strongly enforced in most places -- another indication for the power of direct encoding for per-
ception. News broadcast usually do not show scenes that are too cruel in order to not expose the
audience to material that they may have never experienced and that potentially would lead to
trauma and other negative psychologic effects. Some material, such as pornographic videos, is

directly targeted to evoke certain emotions and anatomic reactions.

The creation and distribution of certain multimedia material is forbidden in almost all countries.
While different countries have different rules and reasons to prohibit handling different types of
multimedia data, the cause usually is the same: Society fears the power of multimedia data to

directly manipulate people and is still researching long-term effects.

Multimedia data can also cause physical harm. The easiest example is audio that is too loud or
too highly pitched. Ear damage is caused by people listening to ear phones too loudly. While this
seems almost obvious, it is very important that any multimedia system has to have the ability to
be shut down quickly, e.g. with a pause button. When presenting sound, a user friendly method
of regulating the volume should definitely provided. People should not be exposed to loud pop
sounds and/or be surprised by a sudden increase in volume. Pitch also plays a role. Certain tones

can be perceived as uncomfortable when the audience is exposed to them for too long. Also,
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there is a myth that low-frequency noise (around 10 Hz) can cause nausia in people (see refer-
ences). While we could not find literature to validate the myth, this at least shows that people in-

tuitively are not sure about the exposure to certain sounds.

Visual data is also able to do harm. Spending too much time concentrating on low-contrast con-
tent, e.g. reading yellow font on white background, will usually be reported as uncomfortable
and is often attributed to be a cause for headaches. Stroboscopic light, for example induced by
flashing monitors, is reported to cause epileptic seizures in some persons. Many computer games
warn about this issue. For the same reason, the Web Content Accessibility Guidelines (WCAG)
Version 2.0, produced in 2008, specifies that content should not flash more than 3 times in any 1

second period.

3D video and augmented reality applications are sometimes the cause for sea sickness symptoms.
The reason for this is that our visual perception does not exactly match our proprioception and
other sensors and the reaction varies from person to person: From no reaction to dizziness and
nausia. The effects of 3D displays on young children are currently discussed: Since visual per-
ception may not have fully developed yet, consuming artificial 3D data may cause perceptual

issues due to the brain adapting to wrong realities.

Consuming multimedia data can also cause unwanted and potentially life-threatening distrac-
tions, especially when operating machinery or driving a car. While it is generally acknowledged
that listening to music on moderate levels while driving is not harmful, listing to music using
earphones is prohibited in many countries as the music would mask acoustic events from the out-
side and therefore reduce the ability of the driver to react to them. Watching a movie while driv-
ing would make it nearly impossible to drive a car, as the split attention effect (see chapter XXX)
would slow down reactions to traffic to a very dangerous level even at low speeds. Operating a

cell phone or a navigation system while driving has a similar negative effect.

It is possible to manipulate a human being in a very subtle way and potentially cause deep emo-
tions (wether planned or not). Therefore it is very important for multimedia researchers to design
systems in a way that it obeys the laws of different countries when handling multimedia data

globally and make sure to prevent any harm from the people exposing the data to.

Privacy Issues
Multimedia data, especially acoustic and visual data, but in general data that is directly encoded
for perception has the property of always conveying more information than is intended. The rea-

son for it is the information richness: In contrast to written text, multimedia captures a snapshot
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of reality unfiltered. Even in staged scenarios, such as movies, people find bloopers that were not
intended to be shown and were not part of any script. Even more so, spontaneous recordings such
as vacation photographs of home videos always show lots of information that was not in the fo-
cus of the attention of the creator but is still there. This must be taken into account when publish-

ing photographs, audio, and video recordings on the Internet or elsewhere.

Especially the wide spread use of social Internet sites to dissiminate multimedia materials has
been questioned as problematic. First, many recordings may contain people and.or objects that
require permission to be published. In many countries publishing a face photograph of a third
person requires permission of that person. Copyrighted objects, such as a painting in the back-

ground, require permission of the author or current copyright holder.

Also, both human intelligence as well as multimedia retrieval may be used on multimedia data to
extract some of the unintended information. For example, face recognition or speaker identifica-
tion (see Chapters XXX) may be used to find the identity of a person, even if the website has no
other indication for a person’s identity. This could potentially de-anonymize website postings and
accounts. For example, a person having videos and photos on an otherwise anonymous might be
identified by the picture or voice by people who know them. Furthermore, multimedia retrieval,
even though not perfectly accurate, makes it unsafe to say that data would be anonymous on the
site: Only one match of a face or voice between the anonymized site and a public site with iden-

tity is enough to expose the user.
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Figure 1. An example of geo-tagging allowing for easier search and retrieval of images. The
photo shows a partial screenshot of flickr.com.

Even when such subtle methods like the ones described above are not in question, metadata and
annotation might become an issue too. For example, tagging somebody publicly in a picture
makes searching the person much easier as textual search has higher accuracy than multimedia
search. However, this implies that a photo of a person has become public without the person po-
tentially not knowing about it. This can be especially problematic because the person in question
might have opted to not participate in the social networking site and is now forced to do so. Of-
ten, cameras and multimedia editing tools embed metadata in videos and images. The most
common being the so-called EXIF header in JPEG images. EXIF can contain detailed informa-
tion about the camera, including serial numbers, which potentially makes the creator of the photo
trackable. Most importantly, EXIF data can contain geo-tags, i.e. longitude and latitude coordi-
nates of the place where the photo has been taken. Figure 1 shows an example. This is enabled
through different localization systems, such as GPS, cell-tower information, as well as wireless
network SSID-maps. Geo-tags in combination with time allow a reasonable easy tracking of a
person. Also, implicitly exposing places, such as home addresses, can be potentially dangerous
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as it allows a variety of crime scenarios. Often, taking a photograph of an object is a matter of
seconds and the creator is often not thinking about metadata, such as GPS tags. As a result, valu-
able items have been posted on the web including a complete address, whilst the post was ano-

nymized otherwise (see references).

Since a potential attacker might gather information from different websites and infer from the
collective, it becomes even harder to track what information is out there about an individual or
entity. So conserving privacy becomes a difficult task, once a considerable amount of informa-

tion has been published.

Time is another variable in the equation. What people might find adequate to post and publish
now, might later be an issue for their reputation. The need for privacy shifts with age, social
status, occupation, and other factors. On the other hand, the Internet potentially saves material
forever and in many copies. Once data has been published, it might be downloaded by various
search engines for caching and individuals might be wanting to re-post it. Seemingly innocuous

information might later become embarrassing whether posted intentionally or unintentionally.

As multimedia researchers, we have special responsibility in this regard as we are the original
enables of most of the technology. Many people are unaware that multimedia retrieval technolo-
gies exist and even many experts often fail to assess the capabilities of today’s multimedia re-
trieval technologies and the potential inference possibilities. Even though current retrieval meth-
ods are not perfectly accurate, with billions of pictures and millions of videos available, even a
seemingly small fraction of true positive results can already translate into several hundred rele-
vant matches. Those matches might enable de-anonymization, finding potential victims for

crimes, or reveal other secrets.

Countermeasures
The first thing to do is checking whether a particular post is really necessary. What is the target
group of the post and is it possible to make the post only available to that group.

Then, the most important privacy-conserving counter measure is to make sure only information
is published that is supposed to be published. When publishing photos, for example, these should
not contain humans that were not involved and if so, faces and other identifying characteristics
should be blurred. Likewise, multimedia data should be checked for hidden metadata. If meta-
data is to be included, the level of detail should be controllable. For example, serial numbers of
the camera might not be actually needed and geo-tags might be included with a reduced accuracy

that is enough to organize the data but not enough to pinpoint individual addresses. Inserting
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noise into the signal which might or might not be audible might help to make it more difficult to

apply acoustic matching. Applying compression often helps to reduce camera artifacts.

The above are only a few examples of both privacy issues and countermeasures. Spotting the is-
sues and inventing new methods to prevent them is an active area of research and the reader is

therefore suggested to check out the literature.

Security Issues

Apart from what has been said about the possible effects of the consumption of multimedia data
in humans, multimedia data has also often attributed to computer security issues. Malware has
been embedded in various forms into videos and presentations. This is mostly enabled through
the fact that some multimedia data formats are turing complete, i.e. their representation is power-
ful enough to allow the execution of arbitrary programs. Prominent examples of these formats
are Postscript and Flash, the first being a printer language, the second being an interactive video
and animation format. PDF, that replaces postscript, is therefore not a Turing complete pro-

gramming language anymore.

Security breaches have also been reported, exploiting buffer overruns in multimedia formats. Of-
ten, decoders and viewers of multimedia data are tailored to and tested only with regular images
and videos. However, the nature of compression formats makes it possible to artificially create a
video or image file that expands into a super large file upon decompression. The memory used to
hold that overlarge data chunk potentially overwrites code, which then leads to crashes, or when
done carefully could be used to insert malicious code into the decoder/viewer. Several viruses
have been reported doing that. These viruses are especially powerful because they spread when a
person views an image or video embedded in a webpage or email, thereby not even consciously

executing a program.

Reportedly, there have been programs using microphones and cameras built into laptops without
notifying the user. This spy-behavior inadvertently leads to trust issues as the user should be al-
ways informed about the fact that he or she is being recorded. More so, it should be clear what is
being done with the recording and how to stop the recording at any time. A video feedback helps
improve a user’s trust in what’s being recorded and or transmitted. Needless to say, in many

countries recording a person without their knowledge is against the law.

Again, this chapter only provides an introduction to the most pressing topics in the field. Privacy
and security issues are hard to convey comprehensively a book as they are usually a natural side

effect of a new technology. However, whenever creating a new technology we ought to ask our-
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selves about the impact on privacy and any potential security issues that may raise. Everybody
working in the field should develop a common sense for these issues and not hesitate to question

methods that might have unwanted side effects.
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Exercises

1. Find examples in the media where multimedia data is attributed to a crime. Discuss the cover-
age with your fellow students.
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2. Enter your name into a search engine. Count the number of occurences where a) the content is
about you and b) the content is about you but not published by yourself. Find the oldest post
about you.

3. List potential multimedia retrieval technologies (from this book and elsewhere) that could be
used to invade privacy. Discuss possible counter measures.

4. Describe an inference chain over several websites that would compromise privacy. Discuss a
second one that includes multimedia data.

5. Find your personal privacy sweet spot by discussing what would still be OK to be published
about you and what would not.

6. Discuss the buffer overrun mentioned in the chapter in detail by taking one of the entropy
compression algorithms from chapter XXX and creating a file that would expand into a very
large file.
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PART IV:
COMPRESSION
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Chapter 13: Fundamentals of Compression

A major difference between multimedia data and most other data is its size. Images and audio
files take much more space than text for example. Video data is currently the single largest net-
work bandwidth and hard disk space consumer. One of the earliest topics in multimedia was
therefore compression. In fact, multimedia’s history is closely connected to different compres-
sion algorithms because they served as enabling technologies for many applications. Even today,
multimedia signal processing would not be possible without compression methods. A Blue Ray
disk can currently store 50 Gbytes, but a 90-minute movie in 1080p HDTV format takes about
800 Gbytes (without audio). So how does it fit on the disk?

This chapter discusses compression’s underlying mathematical principles, from the basics to ad-

vanced techniques.

Run-Length Coding

Before discussing what compression is and how you can develop algorithms to represent differ-
ent types of content with the least amount of space possible, let’s start with a simple and intuitive
example. In addition to introducing what compression is, this example demonstrates a practical

method that computer scientists often use to compress data with large areas of the same values.

Suppose we have a black and white image encoding the character 0. The black pixels are en-

coded with 1 and the white pixels are encoded with 0. So, it looks like this:

0000000000000000
0000011111100000
0000100000110000
0000100011010000
0000100110010000
0000111000010000
0000011111100000
0000000000000000

As is, the bitmap representation would take 16 x 8 = 128 zeros and ones. Say we want to cut the

number of zeros and ones. There are several ways to do it.

First, observe that there are many zeros and ones in a row. We could represent these characters

only by the number of consecutive zeros and ones starting with the zeros. The result would be:
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210691528132118122218621

The highest number represented is 21. So, we could represent each of the numbers in the above
row with 5 bits: 101010011001001... and so on. We need 21 numbers in this encoding, so we can
represent the digit in 105 bits, for a total savings of 23 bits. Of course, we would have to repre-
sent a bitmap containing more than two colors—say, 16—slightly differently. Consider the fol-

lowing one-line example:

RRRRRGGGBBBBBRRRRGB

Using a variant of the above described concept of representation, we would get:

5R3G5B4R1G1B

This method—called run-length encoding, or RLE—is used in many image formats, such as
Windows BMP and TIFF, and, in a slightly modified version, on CDROMs because it is espe-
cially effective in representing data with large areas of the same values. Several unanswered

questions remain, however. For example:

* Is RLE the best way to compress the above example?
» Would applying RLE to the file again further compress the bitmap?
» Finally, what is the minimum amount of space needed to represent this image?

Answering these questions requires a more in-depth discussion of the topic. In fact, it leads to an
entire theory in mathematics, the so-called information theory. The following sections introduce

the most important concepts in information theory.

Information Content and Entropy

To determine how far we can compress a certain piece of data, we first need a measurement for
information. The smallest amount of information is the bit. A bit is a symbol that can be O or 1.
Every string in the world can be reduced to bits, so we could say that one measure for informa-
tion is the minimum number of bits needed to represent a string. But how can we calculate this

number?

Assume we have a 64-bit-long string consisting of 63 zeros and 1 one. The one can be at any
place in the string. We denote this place with an i, so i is a number between 0 and 63. Next, as-
sume we read the string from the left to the right, symbol by symbol, until we find the one. We

can then ask: At each character, what is the probability P that the next character will be a one or a
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zero, given that we have not yet found the one? Table 1 shows the probability P for each bit,
from 1 to 64.

i 1 2 3 4 32 33 ..| 62 | 63 (64
P(bi=0) 63/64 | 62/63 | 61/62 | 60/61 32/33 | 31/32 21311210
P(bi=1) 1/64 1/63 1/62 1/61 1/33 1/32 13 1/2 |1

Table 1: The probability that a bit (with the symbol 0 or 1) will appear in a particular place

on string (b = the bit, i = the bit’s place on a string, and P = probability).
As the table demonstrates, the probability P depends only on the index until the one is found. Of
course, the probability after reading 63 zeros is 1 and the probability after reading the one is 0. In
other words, the zeros after a one are completely predictable and carry no information. We can
also reverse this argument: The higher an event’s probability, the less information it carries. This
means the information content is inversely proportional to the probability of a symbol’s occur-
rence. What’s left is to count how many characters we actually need to represent the content. In
the binary system, this is the number of digits needed. We therefore define the information con-
tent A(x) as:

hix) = log
,,( x) (1)
The choice of a logarithmic base corresponds to the choice of a unit for measuring information.

If we use base 2, the resulting units are bits (as in this example). If we use another alphabet (for

example, the decimal system), we must adjust the base accordingly.

So, let’s measure the information content for each symbol for the given example by inserting the

values from Table 1 into the formula in Equation 1. Table 2 shows the results.

i T [ 2] 3 4 [..[ 32 [ 33 [..] 62 [63]64
h(b, =0) |0.0227]0.023[0.0235[0.0238 | 0.444 0458 | [0585[ 1 | 0
(b, = 1) 6 |5.977|5.954 [5.9307 5 |5.0666] [1.585] 1 | 0

Table 2: The information content of each symbol calculated from the probabilities in

Table 1.
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The sum of the information content of bits 1 to n is 6 when the n-th bit is a one. For example,
h(00010...0)=0.0227 +0.023 +0.0235+59307+0+... +0=6

So, in general, the formula is:

Shb)=( Y log, ™)+ l0g; i = log, ({ ” ) (65-1) =6
b ~ m -1 165 <)) AL m| (2)

The summation of the information content for each symbol reveals the string’s total information
content. In other words: We need a minimum of six bits to represent the string as described. To
do this, all we need to save is the index i (a number between 0 and 63), which can be represented

by a six-digit binary number.

There is a caveat, however. To measure the string’s information content, we use probabilities,
which requires knowledge about the data structure. In other words, if we don’t know how many
ones appear in the string and the string’s total length, we can’t calculate the information content.
Again, this is intuitive. For a string to contain any information, someone or something must

process and interpret the string. That is, a string must be put into a context to make sense.

Information content gives us a method to measure the number of bits required to encode a certain
message. In practice, however, the message might not be known in advance. Instead, you might
have a language and arbitrary messages encoded in that language. Formally, we can define a lan-
guage as a set of symbols or words. Each word or symbol has an associated probability. The
probability can usually be determined by the frequency of a symbol or word appearing in the
language. In English, for example, the word “the” appears more often than the word “serendip-
ity.” As a result, the probability of an article (“the”) appearing in a message is much higher than

9,97

that of the word derived from the old Persian name for Sri Lanka (“serendipity’s” origin).

So, what is the expected length of a message given a set of symbols and their probabilities? This

measure—entropy—is defined as follows:

m.n-zm\ )* bix,)
(3)

Entropy is the expected information content—not coincidentally similar to probability theory’s
expectation value. Entropy is an important measure used across scientific disciplines. Shannon’s
source coding theorem (Shannon 1948) gives the information theoretic background for entropy.
The theorem shows that entropy defines a lower bound for the number of bits that can be used to

encode a message in that alphabet without losing information. Entropy’s value is maximized
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when the alphabet is uniformly distributed —that is, each character has the same probability. This
is also often referred as chaos: Given a subset of a string, there is no possibility of a prediction
about the next symbols because all symbols have equal probability. Random noise has this prop-

erty and is therefore incompressible.

Entropy is a fundamental measure with analogies in thermodynamics, quantum mechanics, and
other fields. In general, it can be described as a measure of chaos: The more chaotic a system, the
higher its entropy. In information theory, this means that the more chaotic a string is, the more

bits we need to encode it.

Compression Algorithms

Information content and entropy lets us measure a message’s expected minimum length. How-
ever, given a string, how do you construct a code for that string that uses the minimal number of
bits? Unfortunately, no single answer to this problem exists. There are many ways to construct
the string and none of them achieves perfect results in all cases. Therefore, the best compression
method depends on the data you are processing. The following sections present the most impor-
tant compression algorithms.

Huffman Coding

Before we dig into the details of how to create good compression algorithms, let’s quickly review

the features we would expect from a good encoding:

. The code must be unambiguously decodable—that is, one coded message corresponds to
exactly one decoded message.

. The code should be easily decodable—that is, you should be able to find symbol endings
and the end of the message easily. Ideally, you should be able to decode it online (that is,
as the symbols come in) without having to know the entire coded message.

. The code should be compact, only delimited by entropy.

In 1952, David A. Huffman invented a coding algorithm that produces a code fulfilling these re-
quirements. Huffman coding is in frequent practical use and part of many standard formats. The
algorithm’s design is elegant, easy to implement, and efficient. Also, because of the vast mathe-

matical work that’s been done on tree structures, the algorithm is well understood.

The algorithm constructs a binary tree in which the symbols are the leaves. The path from the
root to a leave reveals the code for the symbol. When turning right on a node, a 1 is added to the
code; when turning left, a 0 is added. The idea is to have long paths for symbols that occur infre-

quently and short paths for symbols that occur frequently.
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Figure 1 illustrates the construction of a Huffman tree. In the beginning, the leave nodes contain-
ing the frequencies of the symbol they represent are unconnected. The algorithm creates a new
node whose children are the two nodes with the smallest probabilities, such that the new node’s
probability equals the sum of the children’s probability. The new node is treated as a regular

symbol node. The procedure is repeated until only one node remains—the root of the Huffman
tree.
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Figure 1: Construction of a Huffman tree.

The simplest construction algorithm uses a priority queue in which the node with the lowest

probability receives highest priority. The following pseudo code illustrates the process:

// Input: A list W of n frequencies for the symbols

// Output: A binary tree T with weights taken from W

Huffman (W, n):
Create list F with single-element trees formed from elements of W
WHILE (F has more than one element)
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Find Tl, T2 in F with minimum root values
Create new tree T by creating a new node with root value T1+T2
Make Tl and T2 children of T
Add T to F
Huffman := tree stored in F

You can now use the tree to encode and decode any message containing symbols of the leave
nodes, as Figure 2 shows.
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Figure 2: Codes generated by the Huffman tree

To encode a message, the algorithm traverses the tree completely and saves the paths into a
lookup table. So, in our example, the encoding for the word “cab” is 011000. The following
pseudo code describes the procedure:

// Input: A Huffman tree F and a string S containing only symbols in F
// Output: A bit-sequence B
Encode Huffman (F, S)
Traverse F completely and create a hash table H containing tuples (c,p)

// ¢ = character, p = path from root to of F to character
B := []
FOREACH (symbol s in S)
Add path H(s) to bit sequence B.
Encode Huffman := B

To decode a message, the algorithm interprets the code as encoding a path from the root to a leaf
node, where 0 means going right, and 1 means going left (or vice versa), as described in the fol-

lowing pseudo-code sequence:

// Input: A Huffman tree F and a bit sequence B
// Output: An uncompressed string S
Decode Huffman (F, B)
Traverse F completely and create a hash table H containing tuples (p,c)

// ¢ = character, p = path from root to of F to character
S =
node n = root node of F
FOREACH (bit b in B)
if (b==0) n := left children of n
if (b==1) n := right children of n
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if (n has no children)
Add character represented by n to S
n := root node of F
Decode Huffman := S

Static Huffman compressors use a fixed tree for all incoming data; dynamic Huffman compres-
sors serialize the tree, so that each file can be decoded using a different tree. The code generated
by this algorithm is optimal in the sense that each symbol has the shortest possible representation
for the given probability. However, the Huffman algorithm assumes that symbol frequencies are

independent of each other. In reality, a “q,” for example, is usually followed by a “u.” In addi-

tion, the Huffman algorithm cannot create codes with a fraction of bits per symbol.

Lempel-Ziv Algorithms

The LZ family of algorithms (derived from their creators’—Abraham Lempel and Jacob Ziv—
last names) is divided into two groups: successors of the LZ77 and successors of the LZ78 algo-
rithm. Lempel and Ziv developed the base algorithms in 1977 and 1978, respectively. The algo-
rithms use completely different approaches, despite their similar names. Most variations of the
LZ algorithms can be identified by the third letter—for example, LZH or LZW. In contrast to
Huffman coding, which is based on symbol probabilities, the algorithms account for repeated
symbol combinations (aka words) in a document. The algorithm is best suited for large archives
containing text and/or source code and two very popular image formats, GIF and PNG, use one
variant of each of the algorithm. The LZ compression algorithms are therefore the single most
often used compression algorithms of all times. Once one has understood both LZ77 and LZ78,
the derivate algorithms are conceptually not very different. This section will therefore describe
the two fundamental algorithms: LZ77 and LZ78.

LZ77 achieves compression by replacing portions of the data with references to matching data
that have already passed through the encoder and decoder. This algorithm works with a fixed
number of symbols—the look-ahead buffer (LAB)—that are to be coded. Additionally, the algo-
rithm looks at a fixed number of symbols from the past—the search buffer (SB). To encode the
symbols in the LAB, the algorithm searches the SB backward for the best match. The encoding
(often called a token) is encoded by a tuple (L,D) defining the length and the distance from the
current token to a past token. A token basically says, “each of the next L symbols is equal to the
D symbols behind it in the uncompressed stream.” In actual implementations, the distance D is
often referred to as offset. The current chunk of processed symbols—that is, SB+LA —is often
called a sliding window. Typical sizes for the sliding window are several kilobytes (2 kB, 4 kB,
32 kB, and so on).
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Consider the example in Table 3. It encodes the string “cabbdcbaacbdddabda” using LZ77. The

currently processed symbol is underlined.

Sliding window
Position| Code to be proc- Look-ahead buffer Search buffer Already en- | Token
essed (next three symbols) (previous seven coded
symbols)
cabbdcbaacbdddabda

1 bdcbaacbdddabda cab (0,0,¢)
2 dcbaacbdddabda abb c (0,0,a)
3 cbaacbdddabda bbd ca (0,0,b)
4 baacbdddabda bdc cab (1,1,d)
6 acbdddabda cbha cabbd (5,1,b)
8 bdddabda aac cabbdcb (6,1,a)
10 ddabda cbd bbdcbaa ca (4,2,d)
13 bda dda cbaacbd cabbd (1,2,a)
16 bda acbddda cabbdcba |(5,2,a)
19 dddabda cabbdcbaacb

Table 3: Encoding of the string “cabbdcbaacbdddabda” using the LZ77 compression algo-
rithm.

The LAB is also used as the SB, as position 13 demonstrates. The original LZ77 algorithm uses a

fixed-size SB so can use constant-bit-length tokens. The encoding is the final token. For our ex-

ample, the encoding is 0,0c 0,0a 0,0b 1,1d 5,1b 6,1a4,2d, 1,2a 5,2a

The following is the pseudo-code for an LZ-77 encoder:
// Input: A lookaheadbuffer LAB a substring of a message...

// Output: An LZ77 encoding C
Encode LZ77 (LAB)

C ="

WHILE (LAB not empty)
p := position of the longest match in the window for the LAB
1 := length of the longest match
Add the tuple (p, 1) to C
Add the first character in LAB to C
Shift LAB by 1

Encode LzZ77 := C

To decompress the code, the algorithm reads the constant-sized tokens. The distance and length
always refer to already decoded values. Choose a string and try this algorithm for yourself . You

may use the following pseudo code as a guidance:
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// Input: A string C containing Lz77 code
// Output: A string S containing the decoded code
Decode LZ77(C)
s 1= nn
FOREACH (token in S)
Read token and obtain the triple (p,1,c)
// p = position, l=length, c=character
Add to C the 1 characters from position length (C)-p
Add to C the character c
Decode LZ77 := S

As explained earlier, many variations of the LZ77 algorithm exist. LZR, for example, has an un-
restricted search buffer and therefore variable-bit-length tokens. In LZH, a commonly used vari-
ant, the token values are compressed using a Huffman encoding. The currently most popular
LZ77-based compression method is called DEFLATE, which is for example part of the very com-

mon Unix compression program “gzip”.

DEFLATE combines LZ77 with Huffman coding, placing literals, lengths, and a symbol to indi-
cate the end of the current block of data together in one alphabet. It places distances into a sepa-
rate alphabet. The image format PNG (Portable Network Graphics, see also Chapter XXX), also
uses a variation of DEFLATE. PNG combines DEFLATE with a filter to predict each pixel’s value
based on previous pixels’ colors, subtracts the prediction from the actual value. Both encoder and
decoder use the same prediction table. This way, only the prediction differences are transmitted.
An image line filtered this way is usually more compressible than the raw image line because
DEFLATE does not understand that an image is a 2D entity. It sees the image data as a stream of
bytes, whereas the prediction accounts for neighboring pixels in all dimensions. We discuss this
algorithm in more detail in Chapter XXX.

Whereas the LZ77 algorithm works on past data, the LZ78 algorithm attempts to work on future
data. It achieves this by maintaining a dictionary. The input buffer forward-scans the input buffer
and matches it against the dictionary. The algorithm scans the input buffer for the longest match
of the buffer with a dictionary entry until it can no longer find a match. At this point, it outputs
the location of the word in the dictionary (if one is available), the match length, and the character
that caused a match failure. It then adds the resulting word to the initially empty dictionary. Table

4 shows an example in which the word “abacbabaccbabbaca” is compressed using LZ78.

Step  [Input Token New dictionary entry/

Index
a,1

1 a 0,a
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2 b 0,b b,2

3 ac 1,c ac,3

4 ba 2,a ba,4

5 bac 4.c bac,5
6 c 0,c c,6

7 bab 4.b bab,7
8 baca 5,a Baca,8

Table 4: Compressing the string “abacbabaccbabbaca” using the LZ78 algorithm.

Like in LZ77, the tokens are the actual coding. Therefore, the code for our example is
“0a0blc2a4cOc4b5a.”

// Input: A string S
// Output: A string C containing the LZ78 code
Encode_LZ78 (S)
Start with empty dictionary D
cC :=""
prefix := ”” // stores the prefixes
FOREACH (character c in S)
IF (prefix+c is in D)
prefix := prefix + c
IF (prefix + c is not in D)
Add the string prefix+c to D
Add the index of prefix in D to C
Add ¢ to C
prefix := c
Encode LZ78 := C

Decompression of LZ78 tokens is similar to compression. The algorithm extends the dictionary

by one entry when it decodes a token using the dictionary index and the explicitly saved symbol.

// Input: An LZ78 encoded string C
// Output: A string S containing the original message
Decode LZ78(C)

Start with empty dictionary D

oldindex := indexvalue of the first token in C
S .=
FOREACH (token t in C)

index := indexvalue of t

IF (D has entry with index)
Add the string at index to S
c := first character of the string at index
Concatenate entry at oldindex and ¢ and add to D
IF (D has no entry with index)
c := first character of the string at oldindex
Concatenate entry at oldindex and c and add to D
Concatenate entry oldindex with ¢ and add to S
oldindex := index
Decode LZ78 := S
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Both compression and decompression benefit from an easy-to-manage dictionary. Usually, you
would use a tree in which each node has a certain number of children that equals the number of
valid input symbols. In the original LZ78 algorithm, the dictionary’s size is unrestricted. There-
fore, the index values must be saved with a variable number of bits. The dictionary index length
is rarely explicitly defined; the algorithm uses dictionary’s size to determine the index’s bit
length. In other words, the algorithm allocates enough bits so that the largest index can be stored.

For example, for a 24-bit dictionary, all we need is [log224] = 5 bits per index.

LZ78 has many variants too: LZC uses a maximum size for the dictionary. If it reaches the
maximum number of entries, the algorithm continues with the current dictionary under the hope
that the output file does not become too long. If it determines that the output length has passed a
threshold, it recompresses the data by creating an additional dictionary. The Unix compress tool
uses LZC. However, the LZC is patented so users must pay a license fee. LZW, a common LZ78
variant, does not store the following symbol explicitly but as the first symbol of the following
token. The dictionary starts with all possible input symbols as first entries. This leads to a more
compact code and lets users define the input symbols (which can vary in bit length). The popular
Graphics Interchange Format (GIF) uses the LZW variant. Although initially popular, enthusi-
asm for LZ78 dampened, mostly because parts of it were patent-protected in the United States.
The patent for the LZW algorithm was strictly enforced and led to the creation of the earlier-

mentioned patent-free PNG image format.

As mentioned earlier, the RLE algorithm is most useful when the same characters repeat often
and Huffman compression is most useful when you can build a non-uniformly distributed prob-
ability model of the underlying data. The LZ algorithms are especially useful with text-like da-
ta—that is, data where strings of limited, but variable lengths repeat themselves. Typical com-
pression ratios are (original:compressed) 2:1 to 5:1 or more for text files. In contrast to RLE and
Huffman, LZ-algorithms need a certain input file size to amortize. Compressing a file with just a
few bits, such as our example from the beginning of the chapter, won’t yield a very good com-
pression result. The Unix program “tar”, for example, therefore concatenates all files into one

large archive and then invokes “gzip” on the entire archive.

Arithmetic Coding

Arithmetic encoding approaches seek to overcome Huffman encoding’s limitations—namely,
that messages can only be encoded using an integer number of bits per symbol. JPEG image

compression and other standards use arithmetic coding.
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Arithmetic coding maps every symbol to a real number in the open interval between 0 and 1,
formally [0,1) c R. Because this interval contains nondenumerable infinite elements, every mes-
sage can be mapped to one number in this interval. A special termination symbol denotes the end
of a message. Without this symbol, you would not know when to stop the decoding process. To
encode a message, arithmetic coding approaches partition the start interval [0,1) into subintervals

sized proportionally to the individual symbols’ probabilities. The algorithm is as follows.

Choose the symbol with the highest probability and split the interval according to its probability.
Using the reminder of the interval, repeat the process until you reach the symbol with the lowest
probability. Table 5 illustrates the process for the string “bac#” (“#” denoting the end symbol)
with the probabilities given in the first row. The table also shows how the actual binary code is

created by converting the decimal representation to binary.

X, A B c #

P(x[) 0.5 0.2 0.2 0.1

Step 1: read “b”
Partition [0,0.5) [0.50.7) [0.7,0.9) [0.9.1)
(deciqual) _
Partition [0.0.1), o.1o.10110) | Jo.10110,0.1i700) | |o.11100.1)
(binary)

Step 2: read “a”
Partition [0.5,0.6) [0.6,0.64) [0.64,0.68) [0.68,0.7)
(decimal)
Partition |9.1,0.M) Ig.m,o.lmoom...) [0.1010001....0,1010111...), [o-1010111..,0,0110)
(binary) )

Step 3: read “c”
Partition [0.5,0.55) [0.55,0.57) [0.57,0.59) [0.59,0.6)
(decimal) 0.100100011...,)

0.100101110... J,

Step 4: read #
Partition [0.57,0.58) [0.58,0.584) [0.584,0.588) [0.588,0.59)
(decimal) 0.100101101...,)

=[04100101110..4 7,

Table 5: Steps involved in encoding the string “bac#” using arithmetic coding.
The message “bac#” is encoded as a number in the interval [0.588,0.59) or [0.100101101 . . .
,0.100101110 . . . ) binary. More exactly formulated, this interval contains all messages starting
with “bac.” The decode, however, stops because it reads the terminal symbol “#.” Because the

start interval is open and does not contain the one, there is no need to transmit the numbers be-
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fore the point. So the code for “bac#” is 10010111. The following pseudo code snippet illustrates
the idea:

// Input: A string S containing a message, ending with a stop symbol
// Output: An arithmetically encoded string C,
// a table P mapping probability ranges to symbols

Encode_Arith (S)

FOREACH (character c in S)

Get the frequency and assume as probability plc]
Create a table P that assigns characters to probability
ranges in [0,1), each range with a size proportional to pl[c]

lower_bound := 0

upper_bound := 1

FOREACH (character c¢ in S)
current_range := upper_bound-lower_ bound
upper_bound := lower bound+ (current range*upper_ bound[c])
lower bound := lower bound+ (current range*lower bound[c])

C=upper bound+lower bound/2.0

Encode Arith := (C, P)

To decode the message, the algorithm needs the input alphabet and the intermediate partitions.
Given an encoded message, the algorithm then chooses the subinterval containing the code in
each intermediate partition until the algorithm finds the termination symbol. The table with in-
termediate partitions is rarely transmitted; instead, it’s typically generated identically by the

coder and decoder. The following lines of pseudo-code illustrate the decoding:

// Input: An arithmetically encoded string C,

// a table P mapping probability ranges to symbols
// Output: A string S containing the orginal message
Decode Arith(C, P)

encoded value := C

WHILE (we have not seen the terminal symbol)
s := symbol in P where encoded value is within its range
//remove effects of s from encoded value
current_range = upper_bound of c - lower bound of c
encoded_value = (encoded value-lower bound of c)/current_range
Add s to S

Decode_Arith := S

A major problem in implementing arithmetic codes is that the interval boundaries must be accu-
rately represented. Standard processors use single- (32 bit) or double-precision (64 bit) floating-
point numbers, but this representation is, of course, not precise enough. Different arithmetic en-
coders use different tricks to overcome this problem. Rather than try to simulate arbitrary preci-
sion (which is a possibility but very slow), most arithmetic coders operate at a fixed limit of pre-

cision. The coders round the calculated fractions to their nearest equivalents at that precision. A
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renormalization process keeps the finite precision from limiting the total number of symbols that
can be encoded. Whenever the range decreases to the point at which the interval’s start and end
values share certain beginning digits, the coder sends those digits to the output, thus saving the
digits in the CPU, where the interval boundaries shift left by the number of saved digits. This lets
the algorithm add an infinite number of new digits on the right, even when the CPU can handle

only a fixed number of digits.

Various multimedia data formats (such as JPEG) use variants of arithmetic coding. However, US
patents cover several specific arithmetic coding techniques. For that reason, encoders and decod-
ers of the JPEG file format typically only support Huffman encoding. In addition, although every
arithmetic encoding implementation achieves a different compression ratio, most compression
ratios vary insignificantly (typically within 1 percent). However, the CPU time varies great-
ly—easily an order of magnitude depending on the input. This runtime unpredictability is, of

course, a major usability concern and therefore another reason for not choosing arithmetic cod-

ing.

Weakness of Entropy-based Compression Methods for Multimedia Data

All of the compression techniques we’ve described so far try to reconstruct the data in full, with-
out losing any information, so are called lossless compression methods. Another name for these
techniques, because they can be described by information theory, is entropy encoders. When en-
tropy compression routines were developed, most of the data in computing systems were pro-
grams or text data. This does not mean that these compression methods cannot be used for im-
ages, sounds, or videos. However, the compression obtained when using LZ77 or other variants
is usually a factor two or less. There are many reasons for the lower compression rates, includ-

ing:

* Entropy is usually higher for multimedia signals than for text data and differs across files, even
if the multimedia data contains no noise (think of the alphabet needed to store an English text
versus the alphabet needed to store an amplitude-modified clean sinus signal).

» Because sampled signals contain noise, it is almost impossible to find repeating patterns, such
as is done in LZx algorithms.

* Multimedia data is usually multidimensional. To leverage redundancies between neighboring
pixels or frames requires knowing the data’s basic structure. For example, you must know the
image’s resolution to know what the neighboring pixels are.

e Many algorithms—for example, arithmetic coding—could work well with some multimedia
content; however, their asymptotic runtime behavior makes using them for multimedia practi-
cally prohibitive.
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TODO

The next chapters discuss methods for overcoming these challenges.

Index Terms

Exercises

1. Give one example of content for which run-length encoding (RLE) would work very well and
one for which it would work pretty badly.

2. Specify three implementations of RLE that handle short run lengths differently. Discuss their
advantages and disadvantages.

3. What is the information content of a coin toss?

4. Show that it is impossible to construct a compression algorithm that takes an arbitrary input
string and always produces a shorter output string without losing any information.

5. Show that applying one compression method repeatedly does not yield significantly better re-
sults than applying it only once.

6. Create a tool that measures a file’s entropy. Use the tool to calculate the entropy of three dif-
ferent text files containing English text, source code, a binary program, an uncompressed im-
age file (for example, TIFF), and an uncompressed audio file.

7.Many file archival utilities provided in today’s operating systems first concatenate a set of files
and then apply compression techniques on the entire archive rather than on each file individu-
ally. Why is this method typically advantageous?

8. Discuss the efficiency of Morse code.
9. Construct the Huffman tree for the word “Mississippi.”

10.Write a dynamic-tree Huffman encoder/decoder in a programming language of your choice.
Don’t forget to encode the tree.

11.What is the minimum number of bits needed to represent an arbitrary Huffman tree?

12.Would it make sense to combine Huffman encoding with RLE encoding? If yes, give an ex-
ample where this would be useful.

13.Compress the word “Mississippi” using LZ77 and LZ78 as described in this chapter.
14.Discuss the usefulness of using an LZx algorithm to compress a video file (images only).

15.How would you compress an audio file using LZ77? Define a filter that would allow for bet-
ter compression.

16.Compress the word “Mississippi” using arithmetic coding.

17.Give an example of a symbol distribution in which arithmetic coding could result in a shorter
output string than Huffman coding

18.Implement a simple arithmetic coder using the Unix tool “bec.”

19.Explain how arithmetic coding accounts for repeating words.
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20.Which of the methods—RLE, Huffman, arithmetic coding, or LZW—would you use for the
following files: a text file, an image file containing a screenshot, a photograph containing a
portrait, a midi file, a sampled audio file containing rock music, a sampled audio file contain-
ing a generated sinus waveform, a movie (images only), and a cartoon animation (images
only).
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Chapter 14: Lossy Compression

Entropy-based compression as presented in the previous chapter is an important foundation for
many data formats for multimedia. However, as already pointed out, it often does not achieve the
compression rates required for the transmission or storage of multimedia data in many applica-
tions. Since compression beyond Entropy is not possible without losing information, that is ex-

actly what we have to do: Lose information.

Fortunately, unlike texts or computer programs, where a single lost bit can render the rest of the
data useless, a flipped pixel, or a missing sample in an audio file is hardly noticeable. Lossy
compression leverages the fact that Multimedia data can be gracefully degraded in quality by in-
creasingly losing more information. This is what will be explored in this chapter and the next

chapters.

Mathematical foundation: Vector Quantization

Consider the following problem: We have an image that we want to store on a certain disk but no
matter how hard we try to compress it, it won’t fit. In fact, we know that it won’t fit because in-
formation theory tells us that it cannot be compressed to the size of the space that we have with-
out loosing any information. What choice do we have? Well, we could either not put the image
on that disk or we could try to put as much of the image on the disk as we can fit, loosing some

of the information.

There are multiple variants of how this could be performed: One could crop the image margins
or just extract the parts of the images that are relevant to, let’s say a customer. Of course, this

would require an expert to be able to judge the relevance of each pixel.

A variant that can be performed automatically in a computer, without knowing anything about
the data we are looking at is called vector quantization. Quantization is a general mathematical
term and means discretizing a value range using different step sizes. Any given function f can be
transformed into a quantized version q by using a transformation g. Often, a real-valued function

f is converted to a integer-valued representation. For example:

Vector quantization involves vectors, i.e. instead of a single-valued function, tuples, triples, or n-

dimensional vectors are quantized. In other words, vectors [X1,X2,...,Xk] are to be mapped to val-
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ues [y1,y2,....yn] with n<<k. Think of these vectors as being anything, for example 8x8 pixel

blocks in an image, red/green/blue triplets in a video, or 16 subsequent samples in an audio file.

So what is the best way to do it? The answer is: There is none but there are many to choose from!
Which algorithm to use depends on the type and content of the data and the application. In the

following we will present some common approaches.

Linear Quantization

The easiest way to map n vectors to k vectors with k < n is linear quantization. All of the n num-
bers are distributed evenly into k buckets. This is for example done by simple arithmetic round-

ing.

The problem with this method is that assuming an even distribution does not often yield not very
good results because the distribution of the n numbers is not even. For example, consider an im-
age where colors are to be reduced. Very often there may be a large amount of one color but not

such a large amount of a second color.

K-Means

The K-means algorithm is well-known in statistics and machine learning as a clustering algo-
rithm. This is an algorithm to partition n objects into k clusters, where k < n. The algorithm is
based on the so-called expectation maximization principle. The idea of the algorithm is to mini-
mize the intra-cluster variance, that is the squared distance between each member of a cluster to

the mean value of each member of the cluster should be minimal. Formally, the function V

'
A |
.“‘,
P

where there are k clusters Si,i =1, 2, ..., k, and yi is the centroid or mean point of all the points
xj € Sj is to be minimized. If the x; are of higher dimension than 1, a different subtraction func-

tion has to be chosen, for example Euclidean distance.
The pseudo-code description of the code looks like this:

// Input: a set of data points X, an integer number k
// Output: a set of k data points representing the set p
k_means (X, k)
Choose k initial means p; from X at random
WHILE (means pi are not updated significantly anymore)
// maximization:
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FOREACH (sample xj: from X)
assign membership of each element to a mean (closest mean)
// expectation:
FOREACH (mean i)
calculate a new pi by averaging xj that were assigned members
k means := {pi}

Variants of the algorithm exist, where the means are not initialized at random but based on some
assumptions or properties of the data. In practice, it is often hard to decide when the stopping
criterion “not updated significantly anymore” is true. Therefore different criteria are used, often a
fixed amount of iteration is preferred (loop n times). K-means is a very popular algorithm for all
kinds of quantization tasks and is used in many fields as a “first guess” approach, i.e. try this one
before you try anything more complicated. However, K-Means has three major limitations: The
computational complexity increases dramatically with large amounts of data and, obviously, one
has to know the amount of clusters k in advance. For example, the algorithm is well-suited for
reducing 16777216 colors in an image to 65536 colors. But what if we don’t know how many
colors are really needed in the image to represent it well? For example, if the image contents is
really just black and white but it is still represented by the aforementioned 65536 colors, we will
use more colors than needed and waste memory, network bandwidths, or storage space. How-
ever, if we reduce a rainbow image to two colors, we might not be very happy with the appear-

ance of the image in the end.

X-Means

An algorithms that tries to overcome the problem of having to know the number of clusters k in
advance by guessing it is the X-Means algorithm. X-Means extends K-Means in several ways,
including making the means computation more efficient by effectively caching computation re-
sults from previous iterations. The following section will discuss only the heuristics for auto-
matically guessing k. The algorithms starts with a kmin which defines the lower bound of the
range where k is to be searched and a kmax which defines the upper bound.

// Input: a set of data points X,

// kmin and kmax denoting lower and upper boundaries for k

// Output: a set of k data points representing the set p
x_means (X)

k := Knin

Run k _means (X, k) until it converges

Score the quality of the clustering

IF (k>kmax) stop and report the best scoring clustering during the search
x_means := {pi}best

The main question with this algorithm is: How do we score the quality of the clustering?
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Still no appendix

Of course, we cannot do it optimally. If we could do it optimally we could greatly reduce the
number of steps in this algorithm in the first place. Also, the optimal clustering depends on the
underlying data we are processing and might be different for different types of image, video, and

audio data.

However, the authors of the X-Mean algorithm, Pelleg and Moore, proposed the following heu-
ristics that is based on general statistic assumptions. In order to score the quality of a clustering,
each mean is split into two children: The children are moved a distance proportional to the size
of the region in opposite directions. Next, in each parent region, a local K-Means with k=2 is run
for each pair of children. Local means, the children are affected only by the points in the parent’s
region and not by any other parts of the data. Once this 2-means run has converged a test is per-
formed on all pairs of children. Informally, the test asks: “is there statistical evidence that the two
children are modeling a real structure here, or would the original parent model the distribution

equally well?”.

Many metrics have been defined in statistics to answer this question, none of them works per-
fectly, since again, the solution to this problem depends on the structure of data one is dealing
with and the task one wants to ultimately accomplish. However, an often used metric that seems
to work well in many cases is the so called Schwarz Criterion or Bayesian Information Criterion
(BIC). In order to use BIC, one has to interpret the means as the mean of a spherical Gaussian
[DEFINE IN APPENDIX] that defines a model to describe the data points belonging to the
mean. This allows to assign a probability to each of the data points of belonging to the spherical
Gaussian. We call, the Gaussian models M, so that M; is the j-th model (derived from the j-th
mean). BIC is then defined as:

RICIM;y =5(D) - P g 2

where 14(D) is the log-likelihood [ XXX DEFINE IN APPENDIX] of the data according to the j-
th model, and pj is the number of parameters in M; (in our case the number p; is the sum of the k-
1 class probabilities, MK mean coordinates, and one variance estimate). R is the total number of
data points which belong to the mean under consideration. BIC is a score, which basically favors
the model with the minimum number of parameters. In other words: If our newly introduced two
means represent the data equally well than one mean, we don’t need to introduce two new

means.
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If BIC determines that the children means describe the data better than the parent, they are cho-
sen instead of the parent (thus increasing k by one). Then the algorithm goes back to step one.
Each time, a K-Means runs has converged, a global BIC score is calculated. When k is bigger
than kmax, the globally computed BIC scores are compared and the best one, i.e. the highest, is

chosen.

Perceptual Quantization

The mathematical methods described above are very useful for many tasks, especially if one
wants to quantize data that one has no knowledge about other than general statistics. The main
limitation of all of the methods described previously in this chapter and most of other methods is
that it they tend to converge to local minima. Also, there is no way to tell whether they con-
verged to a local minimum or not. Therefore, when applied to a concrete piece of data, the results

can vary greatly, e.g. from one photo to another.

Fortunately, with acoustic and visual data we often have more background knowledge than just
the theorems of mathematical statistics. As explained in Chapter XXX [introduction how ear
works, etc...], we have a great deal of knowledge of how human perception works. Until the arri-
val of the digital age, the paradigm was that audio and video content should be reproduced as
accurately as possible whenever copied. This means, that when comparing the original and the
copy, the difference should be as small as possible. The idea behind perceptual quantization is
that even though it is highly desirable to reproduce content as accurately as possible, the term
“accurate” is not defined as a simple mathematical distance (such as an L-norm distance or root-
mean-square error) but using some perceptual model. In other words: Two signal are accurately
reproduced if the sound the same or they look the same even if they have many differences when
compared bitwise. In order to achieve this, one needs a model of the perceptual sensors. The fol-

lowing sections describe the most important ideas of perceptual coding.

Sound Amplitude Quantization: A-law and y-law

One of the simplest and yet most used perceptual quantization techniques for audio data are the
A-law and p-law algorithms. They area also referred to as companding algorithms, which is the
older term inherited from analog signal processing. The idea is to exploit Weber-Fechner’s law,
which attempts to describe the relationship between the physical magnitudes of stimuli and the
perceived intensity of the stimuli. As already explained in Chapter XXX, the Weber—Fechner law
assumes that just noticeable differences are additive. As a consequence, sound intensity is per-
ceived logarithmically. In other words, a sound must be twice as intense to be perceived a con-

stant factor more intense in the human ear. The idea behind the A-law and p-law algorithm is to

G. Friedland, R. Jain Introduction to Multimedia Computing

188



exactly exploit this fact: Rather than quantizing the intensity of the sounds, i.e. the sample val-
ues, linearly, they are quantized logarithmically. Thereby mapping slightly different intensities to

the same value and loosing small sound intensity changes. Figure 1 shows the idea.

Figure 1. The p-law quantization. The y-axis shows the input values and the x-axis shows
the encoded values. One can see the logarithmic scale and the much denser concentration
of values for low-amplitude input signals where the ear is more sensitive.

The companding formula for encoding a sample x normalized to the interval [-1,1] in g-law is:

Flz) = a@(z)% “1<r<l

where u is usually 255 for 8 bit and sgn(x) is the sign function. Uncompressing requires the in-

version of the formula, which is:

F'(y) = sgn(y)(1/w[(1+ )™ —1]  —1<y<1

The companding formula for a-law is:
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where A is the compression parameter. In Europe, A = 87.7; the value 87.6 is also used.

Decompression works as follows:

yiil+inlA)) ' & 1
l ’ J 1+in(A)
explly (1+InlA i 1 >
! ! 14Inl ) — l

F~'y) = sgn(y)

Conceptually, both algorithms are the same. The u-law algorithm provides a slightly better com-
pression than A-law at the cost of worse proportional distortion for low-amplitude signals. Both
of them are used world wide in digital telephony usually for compressing a 16-bit signal into a
12-bit signal. Since A-law is slightly better quality telephony companies agreed that A-law is
preferred for an international connection if at least one country uses it. The u-law algorithm has
become a quasi standard for low-bandwidth voice recordings, as it is the default encoding of
Sun’s audio file format (file extension “.au”). This format is also the default format of Linux’
/dev/audio device and is supported by most common audio API’s. It has been standardized as
ITU-T Recommendation G.711. Both algorithms are practically implemented by one lookup ta-

ble for encoding and one lookup table for decoding.

Visual Quantization

Like the ear, different quantities sensed by the eye scale logarithmically with intensity. One ex-
ample is brightness. This had already been discovered by the ancient Greeks: Stellar Magnitude,
which measures the light intensity of stars in the sky and was invited by Hipparchus in about 150
BC has a logarithmic scale. So by using a logarithmic scale for brightness, something like y-law
for audio could be effectively used for image data as well. A system that does this was patented
for the first time by A. B. Clark of AT&T in 1928. Many different patents exist in this domain
and image data can be quantized in many ways. Therefore there is no one algorithm standard for
brightness quantization. We leave the creation of a grayscale image compression algorithm using

a brightness compander as an exercise to the reader.
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The old NTSC TV standard as well as the JPEG compression algorithm uses quantization in the
different color channels. However, this is a different quantization since it involves spatial infor-

mation.

Motion Quantization

Video itself is the best example for quantization at work. A video is a sequence of images that is
replayed in a rapid succession. Just as any other sampling, a video is a quantized version of the
reality it represents. The human eye is able to fuse the images into a moving scenes if the images
are presented with about 1/30 of a second distance between them. In other words, we need a
frame rate of about 30Hz to create the illusion of a moving scene. This, however, is just a rule of
thumb. The actual frame rate depends on the physical state of an individual and on the content
that is shown. The co-existance of a lip-synchronous audio track, generally allows for lower
frame rates because the human brain is good at filling missing information across modalities.
Therefore, when wanting to compress a video, it is often adequate to quantize the reality even
further and play back a video at about 15 frames per second. A technique very often used for web

demonstrations and other bandwidth-critical applications.
Differential Coding

Quantization methods are relatively simple to implement and offer a decent lossy compression
scheme. However, they will usually not work anywhere beyond a compression ratio of 2:1 with
acceptable perceptual reproduction quality. Differential coding is a scheme that may or may not
build on quantization. It leverages global knowledge about the properties of the signal to encode.
It is widely used for audio, image, and video compression alike and scales very well from

lossless to entirely lossy. The general scheme is presented in Figure 2.

The main component of a differential encoder is the predictor. The predictor takes as input the n
samples of the signal to predict the next m samples. The predicted samples are then compared to
the original input. The difference is considered to be the encoding. If the prediction was perfect,
only zeros would have to be transmitted to the decoder. Of course, nothing is ever perfect but
good decoders will produce very small differences that do not need many bits. Different strate-
gies are used to model predictors and the next section will present some of them. To decode the
signal, previously decoded samples are used to feed an identical predictor. The prediction is then
added to the encoding to reproduce the signal. To bootstrap the process, the first few samples can
be predicted with O so that the actual signal is transmitted for initialization. This scheme by itself
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is lossless. However, some predictors have a build in quantization and sometimes the output dif-
ference is thresholded. For errors not to become too large over time, some algorithms, alternate
between lossy and lossless encoding, eg. every couple of frames, an unencoded sample has to be
part of the stream. For better compression, difference encoding is often combined with entropy
encoding.

Encoder:

Signal Predictor Prediction | . b= Difference
Decoder:

Difference

< k2
Predictor  Prediction ’u—'/smoal —

Figure 2. Schematic of a differential encoder: The signal is used as the input for a predic-
tion model. The predictions are then subtracted from the original signal. The difference is
transmitted. Decoding uses the previously decoded signals to feed the predictor which must,
of course, be identical in both encoder and decoder.

Differential Coding in Audio: ADPCM

As a first example of a differential encoder, we look at ADPCM. ADPCM stands for adaptive
differential pulse code modulation and is standardized in ITU-T G.726. It is a wide spread audio
format and is used mainly for speech encoding. The idea behind the difference encoding of audio
is that sound other than noise follows a rather predictable wave pattern i.e., the differences be-
tween consecutive samples will usually be much smaller than the samples themselves. Still, in
some cases, sample values might drop from very high amplitude to very low amplitude and
sometimes not. To maintain a constant-rate difference bitstream, one must furthermore predict
whether these differences are large or not for the next couple of sample values. This, together
with a quantization of the difference values is the idea of ADPCM.

The ADPCM algorithm is used to map a series of 12 bit u-law (or a-law) PCM samples into a
series of 4 bit ADPCM samples. Given the original sample values as input, ADPCM predicts
both the next sample and the step size. A large step size means that the audio sample differences

are large, a small step size means the differences are small. The IMA-ADPCM standard (Inter-
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active Multimedia Association) defines ADPCM as shown in Figure 4. The 4-bit IMA ADPCM
code consists of 4-bit: 1 bit for the sign and 3 bits for the difference.

Encoder:

Quarntized
Dfleronce

Guantizer
Sop Step
Precicied s y
Sample Size Step Size - ’ Adaptive
Adapter Predictor

Decoder
Quantizos
Diference
Compressed | (4 Reconstructed
Signal ‘ Signal
Y *icied
) Size Sample
Adaptive
Predictor

Figure 3. ADPCM encoder and decoder. A differential coder for audio signal that takes into
account both the first and the second derivative of the signal. As with any predictive coding
algorithms, the decoder block is embedded in the encoder.

Using a prediction model, an adaptive predictor guesses if future samples values might be large.
If so, the algorithm increases the bits available for the difference encoding by adjusting the initial
quantization. If it is determined that the step sizes might be smaller, the quantization is adjusted
to a smaller bit length per sample. For every sample, two values have to be calculated: The dif-
ference to the previous (inverse quantized) signal sample and a value that determines the current
step size. The process is bootstrapped by the first values all set to zero and the original sample

being passed through.

Decoding works almost the same way: The compressed signal enters the decoder. The encoded
value is the difference to the previously predicted value. This difference is added to the previous
output value and constitutes the new output value. At the same time, the new step size is calcu-

lated which is needed to calculate the next prediction. Since decoder and encoder are very similar
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and yet ADPCM, we will only provide the pseudo-code for a decoder here. For the concrete val-

ues of tables, header infomation, and magic numbers please refer to the standard itself.

// Input: a sequence of ADPCM-coded samples C
// Output: a sequence of raw audio samples S
adpcm_ decode (C)
Read header information from C
First sample of S := first sample in C
step_size index := initial index provided in header
stepsize := stepsizetable[step_ size_index]
oldsample := first sample in C
FOREACH (sample c in C)
delta := stepsize encoded in c
s := oldsample + delta
Add s to S
step size index := indexTable[s]
stepsize := stepsizetable[step size index]
oldsample := s
decode_adpcm := S

ADPCM achieves a decent compression rate (about 4:1) and is very useable for speech signals.
Music and other noise is not compressed very well using this methodology as the quality can suf-

fer badly. It’s not unbearable though so it could be used as a poor man’s music compressor.

Differential coding in Images: PNG

The PNG image format uses a differential encoding step before an LZ-derivate entropy encoder
is used. The algorithm predicts the color of each pixel based on the colors of previous neighbor-
ing pixels and subtracts the predicted color of the pixel from the actual color. An image line
compressed in this way is often more compressible than the raw image line would be, especially
if it is similar to the line above, since the differences from prediction will generally be clustered
around 0, rather than spread over all possible image values. This is particularly important in re-
lating separate rows, since the later applied entropy compression (DEFLATE see Chapter XXX),
has no understanding that an image is a 2D entity, and of course interprets the image data as a

stream of bits. The predictor uses the pattern depicted in Figure 3 to sift through the image.
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Figure 3. The PNG image is scanned line by line. The color value of pixel x is the one to be
predicted and one of five different predictor states can be used that depend on the color
values of a, b, and c.

The predictor has five states which predict the value of each byte (of the original image data)
based on the corresponding pixel to the left (a), above (b), above and to the left (c) or some com-
bination thereof, and encodes the difference between the predicted value and the actual value.
The states are shown in Table 1:

State  [Name Predicted value

0 INone Zero (so that the raw value passes through unaltered)
1 Sub [Value of a (to the left)

2 Up [Value of b (above)

3 [Average [Mean of bytes a and b, rounded down

4 Paeth a, b, or ¢, whichever is closesttop=a+b—c

Table 1. Predictor states used for differential encoding in the PNG image format.

The Paeth filter computes a simple linear function of the three neighboring pixels (a, b, ¢), then
chooses as predictor the neighboring pixel closest to the computed value as defined by the fol-
lowing pseudo-code:

// Input: color values a,b, and c as illustrated in Figure 3
// a = left, b = above, ¢ = upper left
// Output: a paeth-prediction for a,b, and c
paeth_predict(a,b,c)

p := atb-c

pa := abs(p-a)
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pb := abs (p-b)

pc := abs(p-c)

IF (pa<=pb AND pa<=pc) p := a
ELSE IF (pb <= pc) p := b
ELSE p := ¢

paeth predict := p

Compression of a pixel value x dependent on its neighbors a,b, and ¢ works by calculating

compressed(x) = x - paeth_predict(a,b,c)

and decompression works by reversing the formula to

uncompressed(x) = compressed(x) + paeth_predict(a,b,c).

The particular states are chosen adaptively on a line-by-line basis based on a heuristic developed
by Lee Daniel Crocker, who tested the methods on many images during the creation of the for-
mat. If interlacing is used, each stage of the interlacing is filtered separately. It makes the com-

pression generally less effective though.

Differential Coding in Video: Motion Compensation in MPEG-1

Differential encoding is also used for videos. Every video that is shipped on Video CD, DVD,
Blue Ray Disk, or through digital cable, satellite, or antenna television is compressed using an
algorithm that contains a differential encoder. The idea is that at 25 frames per second or more,
the differences between two or even more consecutive video frames are minor. Any object in the
camera view that does not change its appearance or position during 0.04 seconds will not have
changed in between two frames. Also, physical objects tend to not randomly change position. In
other words, an object that is visible on the left and is known to have changed its position right-
wards over the last couple of frames will probably either stop in the next frame or continue to do
so. This is the idea behind motion compensation: Rather than just encoding video frames as
stand-alone images, the difference between them is modeled by a differential encoder. This tech-
nique is used in different variations in all versions of MPEG video and in many other video co-

decs. In the following, we will describe one version of the MPEG-1 motion compensation.

The MPEG-1 algorithm works on a block-by-block basis. In the next chapter we will explain
what the advantages of this approach are. For now, it is important to know that an 8x8 pixel

block is called macro block. To decrease the amount of spatial redundancy in a video, only
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macro blocks that change inside a certain amount of consecutive frames are updated. This is
known as conditional replenishment. However, conditional replenishment is not very effective by
itself. Movement of large objects, and/or the camera may result in large portions of macro blocks
needing to be updated, even though only the position of the previously encoded objects has
changed but not their appearance. Through motion prediction the encoder can compensate for
this movement and remove a large amount of redundant information. The encoder compares the
current frame with adjacent parts of the video from the previous frame up to an encoder-specific
predefined radius limit from the area of the current macro block. If a match is found, only the
direction and distance (i.e. the vector of the motion) from the previous video area to the current

macro block need to be encoded.

Of course, a predicted macro block rarely matches the current frame perfectly. The differences
between the predicted matching area and the real macro block is therefore the lossy part of the

process. The larger the error, the more data must be additionally encoded in the frame.

The distance between two areas in a frame is measured in number of pixels but is often referred
to as pels. MPEG-1 video uses a motion vector precision of one half of a pixel or half-pel. The
finer the precision, the more accurate the match is likely to be, and the more efficient the com-
pression. Higher precision, however, also requires higher runtime of the encoder and also a larger
encoding bitrate since potentially more motion vectors have to be stored. In the end, since neigh-
boring macro blocks are very likely to have similar motion vectors, only the difference between
the motion vectors has to be encoded for each macro block. The pseudo-code for a very simple,

exhaustive motion estimator is shown below:

// Input: REF = reference frame, CUR = current frame
// Output: K a set of indizes to the 8x8 blocks in REF most
// closely the matching the block in CUR
motion estimate (REF, CUR)
FOREACH (block MB in CUR)

FOREACH (i := 0,1,...,64) //8x8 block
pcur[i] := pixel in MB
pref[i] := pixel in REFMB
FOREACH (block k in REF)
distortion[k] := SUM(distortion(pcur([i],preflk,i])
Add minimum value for distortion[k] to K
motion estimate := K

Ideally, the function distortion reflect human perception. Unfortunately, this is still a matter of
research, therefore very often Euclidean distance or other similarly simple metrics are used.
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TODO

In order to bootstrap the process, the first frame is not dependent on any other frame. It is just a
JPEG image (so-called I-Frame). The frames after the I-Frames are called P-frames (predictive
frames). MPEG also defines B-frames. These frames takes into account the previous and the next
frame for motion prediction and can therefore achieve higher compression ratio. However, it is
necessary for the player to first decode the next frame sequentially after the B-frame, before the
B-frame can be decoded. Therefore B-frames are computationally more complex both in encod-

ing and decoding.

Since motion compensation is lossy and each frame depends on the previous one the error
propagates easily and grows with every frame. Therefore, and also for the ability to play a video
from a random time position, I-frames are inserted every couple of frames. The I-frame and all
frames that ultimately depend on it, are called group of pictures (GOP). A typical GOP size is

about 20 frames.

Except ADPCM, differential encoding is rarely used stand alone. Both MPEG and PNG rely on
additional compression steps. The next chapter is going to explore the ideas behind them and

also other, more advanced, techniques.

Index Terms

Exercises

1. Implement linear quantization and K-means and use the implemented quantization algorithms
to reduce the colors of several color images to 2, 4, 8, 16, 64, and 256 colors. Which algorithm
performs “best”?

2. Try linear quantization on an audio file with different granularity. What artifacts can you hear?

3.Find or implement a p-law compression and decompression table. Modify the algorithm such
that it compresses down to 4 bits.

4. As described in the text, create a logarithmic compander for light intensity and try it on gray
scale images.

5. Try to apply p-law compression as a color quantization algorithm for an image.

6. Apply an entropy encoder of your choice to a set of companded audio files and compare the
compression of applying the same entropy encoding to the uncompanded files. How do you
explain the results?

7.Create a simple predictive coder and decoder for a sampled audio file only based only on the

difference between two sample values. This algorithm is often referred to as differential pulse
code modulation (DPCM).
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8. Change your DPCM encoder so that instead of trying to minimize the amount of bits for each
sample, it maximizes the amounts of bits (probably even taking more bits than the original).
Make sure, it is still a differential compression scheme (although a maximally bad one).

9. Design a differential encoder/decoder for ASCII text files containing natural language. Try to
model your predictor so it takes into account the properties of the natural language the original
text is encoded in (e.g. the frequency of the individual characters following other characters).

10.Discuss the properties of sound files when ADPCM compression will work well and when it
won’t. Both compression efficiency and perceptual accuracy should be described.

11.Would the application of a smoothing algorithm help improve the quality of the output of the
ADPCM encoder?

12.Implement the PNG difference encoder as described in the text and apply it to some test im-
ages. Describe how you choose the heuristics to find the state of the predictor.

13.Add another predictor state to your PNG algorithm -- when would you choose it and why do
you think it is good?

14.Extract several consecutive frames from a video and save them as JPEG.

15.a) Calculate the difference image and discuss why certain pixels are shown in the difference
image.

16.b) Using several frames from the video, implement a routine to calculate the motion vectors
for 8x8 blocks.
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Chapter 15: Advanced Perceptual Compression

The lossy compression techniques presented so far have tried to exploit the fundamental mathe-
matical properties of information (lossless coding), to model and approximate the properties of
the signal directly (differential coding), and to model the creation of the signal (source coding,
such as in the speech compression). We also presented simple perceptual methods, such as the -

law encoder.

The methods presented in this chapter use transformations that have been modeled after how
human sensory perception works using a much grater sophistication-level. These perceptual cod-
ers are so effective, that they are used in virtually every device today that handles images or

sound: From photo cameras to mobile phones to DVD players to mobile digital music players.

Before we start introducing them, we recapitulate a fundamental signal transformation which is
an important prerequisite for all the algorithms presented in this chapter as well as for many of
the analysis algorithms presented later on. When explaining perceptual compression, two trans-
formation are outmost important: The Discrete Fourier Transform (explained in Chapter XXX
[basic audio processing]) and the Discrete Cosine Transform, which is described in the following
sections. Other transforms, such as the Discrete Wavelet Transforms which are a generalization
on the transforms mentioned, are also used in multimedia signal processing and the references

cited below are well worth looking up.

Discrete Cosine Transform (DCT)

The discrete cosine transform (DCT) expresses a sequence of finitely many data points as a sum
of cosine functions, rather than sine functions in the DFT, oscillating at different frequencies.
The most important difference between DCT and DFT for practical applications is that the DCT
is using only real numbers. The DCT is equivalent (up to an overall scale factor of 2) to a DFT of
4N real inputs of even symmetry where the even-indexed elements are zero. This property al-
lows to apply the transformation without ever increasing the number of elements in the sequence.
There are some variants of the DCT which differ slightly in property, but the most common one
is given in the following equation. The N real numbers xq, ..., xv.1 are transformed into the N real

numbers Xo, ..., Xn1 according to:

—
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The inverse DCT (IDCT) is then given by multiplying the DCT with
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Figure 1 shows a visualization of the DCT coefficients given an input signal. Again the DC coef-
ficient is determining the overall gain of the signal, while the AC coefficients represent the ener-

gies of the signal in different the frequency bands.
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Figure 1. Example DCT transform of a small sequence of samples.

To compute the DCT, DFT, inverse DCT, and inverse DFT on multidimensional data, i.e. ma-
trixes or N-dimensional data, all one needs to do is compose the DCTs and DFTs computed along

each dimension. A two-dimensional DCT, for example, is therefore given as:
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The following two pseudo-code snippets compute a two-dimensional DCT.

// Input: A number N
// Output: An NxN DCT matrix H.
dct matrix(N)
FOR i:=0 TO N
FOR j:=0 TO N
H[i] [J]:=sgrt(2/N) *cos (pi*i* (2*j+1)/ (2*N))
FOR j:=0 TO N
H[0][J1=H[O0][]]/sqrt(2)
dct matrix := H
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// Input: N, an NxN matrix of samples M, a DCT matrix H
// Output: The DCT coefficients of M, called C.
DCT (N, M, H)
// Transform columns
FOR k:=0 TO N
FOR 1:=0 TO N
sum:=0
FOR m=0 TO N
sum:=sum+H [k] [m] *M[m] [F]
Clk][1]:=sum
// Transform rows
FOR k:=0 TO N
FOR 1:=0 TO N
sum:=0
FOR m=0 TO N
sum:=sum+H[1] [m]*M[k] [m]
C[k][1] :=sum
dct_matrix := c

The code shown above is not very efficient as it does no reuse of intermediate results. However,
it shows the strategy of pre-computing the matrix, which has advantages when experimenting

with different variations of the function.

Figure 2 shows combination of horizontal and vertical frequencies for an N=8 two-dimensional
DCT. Each step from left to right and top to bottom is an increase in frequency by 0.5 cycle, e.g.
moving right one from the top-left square yields a half-cycle increase in the horizontal frequency.
The picture provides an initial intuition for why the DCT is useable for image compression: A
given 8x8 square in Figure 2 is imaginable to be a part in a black and white image. In other
words, any given 8x8 pixel square in an image can be (lossily) reduced to one of the 8x8 blocks
in Figure 2. This is exploited in a very common image compression algorithm, commonly re-

ferred to as JPEG, which is explained in the next section.
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Figure 2. DCT frequencies for 8x8 matrixes in X- and Y- increasing order.

JPEG

JPEG is the single most common image format used by digital cameras and other photographic
image capture devices. The name "JPEG" stands for Joint Photographic Experts Group, the name
of the committee that created the standard. The group was organized in 1986, issuing a standard
in 1992, which was approved in 1994 as ISO 10918-1. The file format is named “JFIF” JPEG
File Interchange Format but the acronym jpeg or jpg is used more commonly both as a file exten-
sion as well as a name of the file format. Apart from JFIF there is also another standard, called
“EXIF” (Exchangeable Image Format) which on top of the image content also standardizes the
storage of specific metadata, such as geolocation and camera manufacturer. The following sec-
tion presents an overview of the image compressionn part of the algorithm. The encoding uses
several steps, of which the most important is a quantization in frequency space, generated by the

Discrete Cosine Transform.

The following pseudo-code outlines the algorithm:

// Input: A color image I in 24-bit RGB format
// Output: A JFIF-compressed image J.
JPEG (I)
transform color space from RGB to Y,Cr,Cb
split I into 8x8 blocks for each Y, Cr, Cb
scale down the resolution of the Cr and Cb blocks to 4x4 blocks
Apply DY:=DCT(Y), DU:=DCT(Cr), DV:=DCT (Cb) .
Quantize DY, DU, and DV according to a user setting
Linearize DY, DU, and DV into a stream S
Apply static Huffman (S)
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J := Header information + S
JPEG := J

In the following, we will now describe each step and why it is applied.

Tiling

The first step is to split the image into 8x8 pixel blocks. The splitting was originally performed to
make the computation of the DCT more tractable. On today’s computers this is not an issue

anymore and a larger block size, such as 16x16 is sometimes applied. Furthermore, the splitting

allows for very efficient and easy parallelization on manycore architectures.

Chroma Quantization

Then, any given pixel is converted to the Y,Cb,Cr color space (color spaces are described in
Chapter XXX). This allows to apply a technique called chroma quantization. The idea is that be-
cause the human visual system is less sensitive to the position of color than brightness, band-
width can be saved by storing more detail about the brightness of a pixel than of the color. At
normal viewing distances, there is no perceptible loss incurred by sampling the color detail at a
lower rate. The signal is divided into a luma (brightness) component Y and two chroma (color
difference) components Cr, Cb (see Chapter XXX [color spaces]). The subsampling scheme is
commonly expressed as a ratio R:A:B (e.g. 4:2:2) that describe the number of luminance and
chrominance samples in a conceptual region that is R pixels wide, and 2 pixels high. R is the
width of the region (e.g. 4 pixels), A is the number of chrominance samples (Cr,Cb) in the first
row of R pixels, and B is the number of chrominance samples (Cr,Cb) in the second row of R
pixels. The old analog TV standard NTSC, for example, used a fixed 4:1:1 chroma quantization

scheme.

Frequency Space Quantization

The human eye is able to perceive small differences in brightness over a relatively large area.
However, high frequency brightness variation are not easily distinguishable by human visual
perception. In other words, details in a texture may be blurred without reduction in perceived im-
age quality. JPEG utilizes this fact by reducing the amount of information in the high frequency
components. Therefore, each block is converted into frequency space by applying a DCT. Then
each coefficient in the block is divided by a constant for that component, rounding to the nearest
integer. The division constants are specified in a so-called quantization matrix, which is varied

depending on a user-definable quality factor. A typical quantization matrix looks like this:
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Note, that, apart from the DC coefficient in the upper left corner, the lower frequencies have
smaller quantization and the higher frequencies have higher quantization. When the user wants
higher quality, the quantization values can be lowered, when higher compression is a goal the

quantization coefficients can be increased in value. Figure 3 shows an image with different
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strengths of quantization applied.

Figure 3. Sample JPEG image with increasing amount of quantization (increasing from left
to right)
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As a result of applying quantization to the DCT blocks many of the higher frequency compo-
nents are typically rounded to zero, and many of the rest become small positive or negative num-
bers, which take fewer bits to store.

Linearization and Lossless Encoding

After quantization, many of the higher frequencies components of a block are zero or close to
zero. Therefore, the final step is to use run-length encoding, followed by a Huffman compressor
(see Chapter XXX). In order to apply run-length encoding, the blocks are linearized using a
scheme that allows the same frequencies to be in sequences, which makes many Os and the po-
tentially same values in X- and Y- direction appear in sequence. Figure 4 shows the linearization
scheme.

Figure 4. Linearization scheme for an 8x8 JPEG block.
Depending on the image and chosen quantization compression rates of 1:2-20 and higher com-
pared to an uncompressed image are possible. Decompression works by reversing the process,
eg. multiplying with the quantization matrix, using the inverse DCT, and so on. Figure 5 shows a

comparison of compression and decompression.s
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Figure S. Overview of the JPEG compression/decompression algorithm.

Newer versions of the JPEG standard, e.g. JPEG2000, use different transforms, such as Wavelet
transforms (see references) instead of the DCT to reduce artifacts after quantization in higher
compression modes. Also, some implements allow the use of arithmetic coding instead of Huff-
man coding. Many vsideo codes have adopted the JPEG encoding methods but sometimes vary

the block size and the linearization scheme.

Psychoacoustics

Similar to the exploitation of brightness versus chroma perception and high-frequency blurring in
JPEG, audio signals can be compressed based on human auditory perception. We already de-
scribed audio codecs that utilize perceptual properties of the human ear, such as the y-law com-
pression in Chapter XXX that utilizes the non-linear perception of amplitude. Like JPEG, audio
codecs can leverage perceptual properties to determine which parts of the signal can be quantized
more aggressively or even removed without changing a human’s perception of the result. Unfor-
tunately, the human ear is more sensitive to signal alterations than the human eye. So applying
the JPEG scheme of transforming the signal into the frequency domain and then linearly scaling
the coefficients would work for compression but would result in significant audible artifacts. To
achieve acceptable quality and compression at the same time, one has to take into account a
wider range of perceptual properties of the human auditory system. As a result, the development
of modern audio compression methods is mostly one of measuring and estimating how various
sounds are perceived by people, a field known as psychoacoustics. The resulting lossy compres-
sion schemes, however, routinely lead to audio files that are about 10% the size of high quality

masters with very little discernible loss in quality. Formats based on psychoacoustics include
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Ogg Vorbis, Dolby AAC, Microsoft WMA, MPEG-1 Layer II (used for digital audio broadcast-
ing in several countries), and Sony ATRAC. In the following, we will provide an overview of the
functionality of one version of the most prominent representative of perceptual audio codecs:
MPEG-2 Audio Layer 3 or short MP3.

We start with the presentation of the most important psychoacoustic phenomena utilized by audio

codecs.

Frequency/Loudness Resolution

As explained in Chapter XXX, the human ear perceives sounds in the range of about 16 Hz to 20
kHz. The smallest pitch differences a human can perceive depends on the absolute pitch values,
but is reported based on clinical experiments to be about 3.6 Hz within the frequency range of
1000-2000 Hz. However, smaller pitch differences may be perceived through the interference of
two pitches, such as an effect that is known as “beating”: The phase variance caused by two in-

terfering frequencies might be heard as a low-frequency difference pitch.

The intensity range of audible sounds is enormous but also depends on the frequency. Roughly
speaking, the lower the frequency the louder a sound is perceived. This is expressed in different
scales that have been proposed in the literature derived from psycho-acoustic experiments, such
as the Mel scale and the Bark scale. The Bark scale was proposed by Eberhard Zwicker in 1961
and is named after Heinrich Barkhausen who proposed the first subjective measurements of
loudness. It seems to be more popular with music processing while the Mel scale is used more
often in speech processing. Also, the Bark scale is used for equal loudness assumptions in audio

codecs. It is approximated by the following equation:

Bark=13arctan(0.00076° £)+3 S-arctan(( - )

with f being the frequency of the tone in Hz. Sounds of equal Barks are estimated to have equal

loudness. Figure 5 shows a plot of the Bark scale.
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Figure 5. An example of an equal loudness scale curve: The Bark scale.
Very important for compression are the lower limits of audibility. This so-called absolute thresh-
old of hearing (ATH) curve is derived by exposing humans to testing tones of various frequen-
cies. Typically, the ear shows its lowest ATH between 1 kHz and 5 kHz (the range of speech),
though this threshold also changes with age, with older ears showing decreased sensitivity above

2 kHz. ATH is usually approximated by the following formula (from Terhardt 1979):

4

f - 06 FA000-334 3
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b 1000 1000

Figure 6 shows the resulting curve.
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Figure 6. An estimate of the average lower hearing threshold (ATH).

Masking

While the two properties studied above were done on measurements of isolated sounds, masking
describes a property of the ear that concerns the interaction of different sounds: An otherwise

clearly audible sound can be masked by another sound and thus become imperceptible.

The phenomenon can be experienced very easily. For example in the situation where two people
have a conversation at a bus stop. Suddenly a truck drives by and due to its noise the conversa-
tion is interrupted: The voices have become imperceptible in the presence of the truck noise. A
weaker sound is called to be masked if it is made inaudible in the presence of a stronger sound.
The phenomenon occurs because the loud sound distorts the ATH, making the quieter sounds
(partially) fall below the threshold.

Masking can occur simultaneously (as in the bus-stop example) and sequentially. A quieter sound
emitted very soon after the decay of a stronger sound is masked by the louder sound. Also, a qui-
eter sound just before a louder sound may be masked by the stronger sound. These two effects
are called forward and backward temporal masking, respectively. Figure 7 illustrates the phe-
nomenon of masking. An important property that determines how strong a particular sound can
mask another one is its tonality. For example, a sinusoidal masker requires a higher intensity to

mask a noise-like “maskee” than a loud noise-like masker does to mask a sinusoid. Quantization
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can be seen as introducing noise and thereby masking good sounds with bad sounds. Psycho-
acoustic models used for compression take this into account by quantizing pure tones less than
already noisy ones. This is mostly accomplished by binning the frequency bands appropriately

and quantizing frequency bins with higher energy less than those with lower energy.

Sound Listening channel
Lovel or auckiory fller
L Masker
/ ! Signal

Amourt of masker Froguency Hz
within same kslening
channel as signal

Figure 7. Illustration of Masking: A signal is masks large parts of the frequency space,
rendering sounds in it (partially) imperceptible (adapted from Moore 1998).

In addition to frequency and temporal masking of sounds, sounds are also masked spatially. This
means, a sound perceived in one ear might prevent perception of sounds arriving at the other ear.
This phenomenon is exploited to reduce perceptual redundancies across channels when stereo

coding.

MP3

There are many implementations of MP3 encoders and they differ in quality, compression rate,
and many technical details. The ISO standards (see references) only describes the methods
needed to decode a stream, which are much simpler, as will be explained later. Encoders usually
reduce perceptual redundancy by first identifying sounds which are perceptually irrelevant, such
as high frequencies and sound levels below ATH. Unfortunately, the reduction of imperceptible
portions of sounds in an audio file usually only accounts for a small percentage of the bits needed
to represent the signal. Therefore, like in JPEG, the more effective method is to quantize the sig-

nal.

As already mentioned earlier, a simple linear quantization with linear frequency bins, such as
frequently applied in image and video compression, would not yield high enough quality as the
ear is more sensitive to artifacts than the eye. The method used for audio is called noise shaping.
Reducing the number of bits used to code an audio signal increases the amount of noise in the

signal. The idea of noise shaping is to hide the noise generated by the quantization in areas of the

G. Friedland, R. Jain Introduction to Multimedia Computing

S}
¥}



audio stream that is least perceived, based on masking tables, ATH, and the Bark scale. Noise
shaping can also be understood as distributing a predefined number of bits to the different fre-
quency bands according to their perceptual priority given a psycho-acoustic model. For example,
higher frequencies of the signal might be coded with less bits as it is harder to perceive small dif-
ferences in these regions. If reducing perceptual redundancy does not achieve sufficient com-
pression for a particular application, it may require further lossy compression. Depending on the
audio source, this still may produce acceptable perceptible quality. Let’s look at the concrete im-

plementation of an MP3 encoder, the open source compressor LAME.

Algorithm

Similar to the tiling in JPEG, the first operation on the audio signal is splitting it into packets, so
called granules (sometimes also called frames or chunks). LAME uses a granule size of 576
samples. These are then transformation into frequency space. This is usually done using a modi-
fied version of the DCT, called MDCT (see references). Once in frequency space, the coefficients
are split into 32 different equal-sized frequency bands (each of them roughly 700Hz). For each
granule, the algorithm then reserves a certain amount of bits usually pre-defined by the user.
Constant bitrate (CBR) encoders allow only a certain maximum amount of bits per granule, av-
erage bitrate encoders (ABR) let the encoder try to achieve an average bitrate over the entire
stream and variable bitrate encoders, enable maximum audio quality by allowing a variable bi-

trate on the stream.

The following pseudo-code describes the operation of LAME’s so-called “outer loop”, which is
the algorithm that finds the combination of quantization coefficients (here called scalefactors) to

produce the least amount of audible distortion (cite LAME website).

// Input: A number of MDCT coefficients C binned in frequency bands.
// Output: A set of scalefactors S.
MP3_outerloop (C)
S[]=0
DO
compute better quantization using S (call inner loop)

compute distortion within each scalefactor band
compare distortion to allowed distortion (from psy-model)

over := number of bands where distortion > allowed distortion
tot_noise :=
average over all bands of distortion(db) - allowed distortion (db)

over noise :=
see tot_noise but only bands with distortion > allowed distor-
tion
IF this quantization takes the least bits so far, save it in S.
IF over=0 THEN return S.
reduce quantization (use more bits) for bands with distortion
WHILE (over>0) OR NOT (all scalefactors set to their max)
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MP3_ outerloop := S

In order to find the “better” quantization scalefactors in each iteration, both noise shaping and the
bitrate specified by the user are taken into account in the “inner_loop”. The algorithm performs
an exhaustive search over all possible values for the quantization factors, measuring both the re-
sulting bitrate and the resulting perceptible noise as given by the psychoacoustic model and cho-

ses the optimal configuration. This search is what takes most of the runtime of an MP3 encoder.

When a stereo signal is to be encoded, Lame knows two stereo modes: stereo and joint stereo.
The stereo modes treats the left and right channel completely independently. Joint stereo means

individual audio frames may be encoded in either normal stereo or mid/side stereo.

Mid/side stereo encodes the stereo signal into two channels, the middle channel which contains
the sum of both the left and right channel and the side channel which contains the channel differ-

ences between the middle channel and the left and right channel, according to this scheme:

Middie Side

with L=left channel and R=right channel. For decoding, L=Middle+Side, R=Middle-Side. More
bits are allocated to the middle channel than to the side channels. Audio signals where the stereo
channels are not well separated have will have very little information in the side channel. There-
fore this technique will improve bandwidth. However, there will be little gain for well-separated
channels and any encoding errors in this mode will show up as noise in both the left and right
channels after decoding. Therefore LAME choses to switch between mid/side stereo and regular
stereo on a frame-by-frame basis based on the difference in masking thresholds between the right
and the left channel, i.e. when LAME decided that the perceptual difference between the left and

right channel is less than 5dB, it uses joint stereo.

After bitencoding the quantized coefficients, a Huffman encoder is used to compress the final
stream. Decompression is computationally less expensive than compression. After Huffman de-
coding, only an inverse DCT has to be applied, and optionally the mid/sid stereo coding has to be
converted back. For this reason, MP3 players can be easily realized as mobile devices and build
into cell phones. The compression rates of MP3 encoders vary depending on the content, the
chosen bitrate, and the quality of the encoder. 128kbit/s for music that comes from a stereo CD

(raw 1.34Mbit/s) is not a-typical, thereby achieving a compression of about 1:10.
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Perceptual Video Compression

The search for efficient video compression techniques dominated much of the multimedia re-
search activity since the early 1980s. The first major milestone was the ITU H.261 encoder, from
which JPEG later adopted the idea of quantizing DCT coefficients. Since then advancements
have been made mostly in the field of motion estimation and with TV and cinema becoming digi-
tal, algorithms have been adopted into day-to-day use. Codecs have been mostly standardized by
the ITU and ISO and popular standards are:

ISO/IEC 11172 aka MPEG 1 is designed to compress VHS-quality raw digital video and CD-
quality audio down to 1.5 Mbit/s (26:1 and 6:1 compression ratios respectively). It is mostly used
in video CDs, older digital cable and satellite TV.

ISO/IEC 13818 aka MPEG 2 is designed to be higher quality than MPEG1 while being back-
ward compatible. It is used for encoding DVDs and digital TV of all kind (DVB-x).

ITU-T H.264 (formerly ISO/IEC 14496-10) aka MPEG4 is used for high-quality high-definition

video, such as on Blu-Ray Discs or in the iTunes Store.

Since approximately 2000 the focus for multimedia research on video codecs as well as then
MPEG standardization has been more on meta data and video search, resulting in MPEG-7 and
MPEG-21.

In essence, video compressors are a combination of audio and image compressors that usually
account for the fact that the images only differ slightly from frame to frame. The popular MPEG
1 and 2 video compression algorithms, for example, are conceptually a combination of JPEG,
MP3, and the motion compensation technique, already described in Chapter XXX (differential
coding).

Index Terms

Exercises

1. Implement the 2-dimensional Discrete Cosine Transform and the 2-dimensional Inverse Dis-
crete Cosine Transform in a programming language of your choice. Apply your DFT and
IDFT implementation to different signals of your choice and visualize them.
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2. For a grayscale image implement a ~*poor-man’s JPEG” algorithm by applying your DCT im-

plementation to the image, applying quantization, and then retransforming.

3. Which class of images is most/least prone to ugly JPEG artifacts? First think about it, then try

different images in the implementation from exercise 2.

4. What effects would increasing the blocksize from 8x8 to 16x16, 32x32 or even higher have on
the JPEG algorithm?

. How would you parallelize the JPEG algorithm on a manycore processor?

. What happens when you encode a JPEG using JPEG repeatedly? Explain.

. Mix a sound file of your choice with different levels of noise. Explain the effects.

. Write pseudo-code for the search for an optimal parameter configuration for the quantization
of an MP3 granule given different bands, a quality function, and a minimum and maximum
target bitrate. Analyze the runtime and discuss possibilities to optimize the runtime with and
without trading of accuracy.

0 3 N
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Chapter 16: Speech Compression

While the compression techniques presented so far have assumed generic acoustic or visual con-
tent, the following chapter presents lossy compression techniques that where especially designed
for a particular type of acoustic data: Human speech. Almost every human being on earth talks
virtually every day -- needless to say, there is a lot of captured digital speech content. Every
movie or TV show contains and audio track, of which usually most of it is spoken language. The
most important use of captured speech, however, is for communication, such as in cell-phones,
voice-over-IP applications, or as part of video conferencing and meeting recordings. Most of the
compression concepts discussed so far will also work on speech. The algorithms presented in the
following though will achieve a higher compression ratio wile preserving higher perceptual qual-
ity by exploiting speech-specific properties of the audio signal. We already discussed what
makes human speech different from generic audio content in Chapter XXX. We’ll therefore as-

sume that knowledge in this chapter and directly dig into the algorithmic part.

Properties of a Speech Coder

As explained already in Chapter XXX, the properties of every sound are defined by the proper-
ties of the objects that create the sounds, by the environment that the sound waves travel in, and
by the characteristics of the receiver and/or capturing device. The object that creates human
speech is the vocal tract. Vocal tracts also exist in animals, such as birds or cats. As we all know,
the sounds they produce differ substantially from average human speech, so creating a bird-sing
compression or cat’s meouw encoding algorithm would also be substantially different. The fol-
lowing algorithms all try to exploit the characteristics of speech and have very limited applicabil-
ity to music or other non-speech. However, all of them are of outmost importance to multimedia

computing since they are used by millions of (mostly unaware) people in everyday life.

Speech codecs are applied in two main areas: Telephony and voice over IP applications. While
the two areas seem to increasingly merge, historically the problems presented themselves in the
areas required slightly different solutions. Other applications, such as Internet radio or speech

compression for archival purposes yet introduce other priorities.
In general, the targets for a speech coder are:
- Good compression

- Minimum impact on speech intelligibility
- Maximum preservation of speaker characteristics
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- Good handling of background noise (e.g. background noise should be eliminated when speech
is present, but transmitted when not)

- Low computational complexity (e.g. cell phones needs to be small and should not need )

- Minimum latency, i.e. the delay introduced between transmitter and receiver must be small

- Transmission-error resistance (e.g. packet losses might be concealed)

- Text-independence

Sometimes, language-independence is sacrificed for a more efficient codec when a specific target

market is aimed at.

Linear Predictive Coding (LPC)

One of the earliest models used for the compression of speech sounds is the so-called Linear
Predictive Coding, or LPC. It is widely used in many places from telephony to military applica-
tions (low quality, ultra-low bandwidth) and is part of many, if not most, of todays speech com-
pression algorithms in cell-phones. Typical rates of encoded streams vary from 800bits per sec-

ond to 16kbits per second.

As the name implies, LPC is a predictive coder -- and it’s linear. The underlying assumption of
LPC is that a speech signal is produced by a buzzer at the end of a tube, with occasional added
hissing and popping sounds (sibilants and plosive sounds). Although apparently crude, this
model is a close approximation to the reality of speech production: The vocal tract forms a tube,
which is characterized by its resonances due to its shape and the buzz is produced by the glottis,
the space between the vocal folds, and is characterized by its intensity. Some literature calls
methods that model signal production for efficient representation parametric redundancy exploi-

tation methods. Figure 1 shows a diagram of one of the earliest LPC algorithms.
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Figure 1. The LPC compression algorithm as defined in the NATO standard FS-1015
(LPC10)

}—+LPC Bitstream

It consists of several steps that are explained as follows. First, the sampled audio signal is packet-
ized into small segments with a typical length of about 10ms. These atomic segments are usually
called frames (compare video frames). A pre-emphasis filter increases the magnitude of the
higher frequency parts with respect to the lower frequencies in order to increase the quality of the
following steps. This trick is used often to increase the perceptual signal-to-noise ratio. This en-
hanced signal is then used for several steps. First, a voiced/unvoiced detector finds the regions
where pitch can be calculated, eg. speech regions that contains mostly vowels. The pitch and the
power are then also estimated and later encoded into the bitstream. In parallel, an LP analysis is
performed on the signal. The LP signal is then used for error prediction as discussed in the previ-
ous chapter. The difference between the LP estimation and the actual signal is encoded together

with the power and pitch in the actual bitstream. If the frame is voiced the pitch prediction is es-
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timation from the prediction error signal. The compression achieved usually allows to transmit
an 8kHz mono using 2400 bits per second in an understandable quality. The compression works
in realtime even on home-sized computers from the 1970s. Not only is the LPC speech compres-
sion a very fundamental algorithm that is used in many different versions in a whole range of
speech processing devices, it also allows us to discuss a couple of fundamental speech process-

ing techniques.

Voiced/Unvoiced Detection

How can we determine if a speech frame contains a vowel or not? The methods currently avail-
able for doing this are not perfectly accurate but work in about 99% of the cases. Usually, a bag
of features is used, combining the results from several computations on the signal. The most ob-
vious feature is energy: In order to have pitch, this means in order to have periodicity, the signal
must cross the zero amplitude line a couple of times. Thus the integral (or the sum of samples) of
that signal should be close to zero. An unpitched signal can have any shape and the integral
might be heavily biased towards a positive or negative number. To determine the energy E of a
frame of length N containing samples s and ending at instant m the following simple equation is

usually used:

Energy is always a positive number, hence the square root. Alternatively, the absolute value of

the sample can be used, resulting in the so-called Magnitude-Sum Function:

As already said, a voiced signal might cross the zero amplitude line more often than a non-
pitched signal. Of course, this can also be measured directly, by calculating the Zero-Crossing-
Rate SC:

SC

| -

Y [sen(sia) - sgnsie - )

The sgn() function returns 1 or O depending on the sign of the operand. A third method is to cal-

culate the prediction gain:
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It can be observed that voiced frames on average achieve 3 dB or more in LPC prediction gain
than unvoiced frames, mainly due to the fact that periodicity implies higher correlation among
samples, and thus easier to predict. Unvoiced frames, are more random and therefore less pre-
dictable. For very low-amplitude frames, prediction gain is normally not calculated to avoid nu-
merical problems; in this case, the frame can be assigned as unvoiced just by verifying the en-
ergy level. Thresholding energy, zero-crossing rate and prediction gain is not an exact science.
Modern systems use machine learning to find good values for estimating these values on a con-
crete data set. Finding a perfect boundary between a voiced and an unvoiced segment is nearly

impossible.

Pitch Estimation

The fundamental frequency (FO) of a periodic signal is the inverse of its period. The subjective
“pitch” of a sound usually depends on its fundamental frequency but also depends on other fac-
tors. Given that a frame is voiced, estimating the pitch of the frame, however, is one of the most
important and frequently demanded operations in audio processing. In speech processing, the
pitch period is defined as the time between successive vocal cord openings. It is important to
note that expected values for the for men, possible pitch periods lie between 4ms and 20ms (fre-
quency between 5S0Hz and 250Hz) and for women and children between about 2ms to 8ms (fre-
quency between 120Hz and 500Hz). Unfortunately, estimating this time is, like the voiced/
unvoiced detection, not an exact science either. Unless the signal is artificially generated, pitch
period estimation is a complex undertaking due to the lack of perfect periodicity in real world
signals. Unless trained thoroughly, even a singer’s voice has no perfect pitch due to interference
with formants of the vocal tract (voice impurities). Also, the uncertainty of the starting point of a
voiced segment (see previous paragraph) and other real world problems, such as noise and echo
make perfect pitch estimation hard. For this reason, arbitrarily complex pitch estimation algo-
rithms have been developed and refinements will still be presented in research papers to come. In
practice, pitch period estimation is implemented as a trade-off between computational complex-
ity and performance. From the many algorithms that have been proposed for this task, only two
will be presented here. The first, and most frequent method, is the so-called autocorrelation

method.
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The autocorrelation value reflects the similarity between the frame s/n] and the time-shifted ver-
sion s/n-/]. Again, the frame has length N containing and is ending at instant m. The variable / is
a positive integer representing a time lag and n= [m—N+1,m]. The range of lag is selected so that
it covers a wide range of pitch period values. For example, at 8kHz sampling rate, if / is between
20 and 147 (2.5 ms to 18.3 ms), the possible pitch estimation times values range from 54.4 Hz to
400 Hz. By calculating the autocorrelation values for the entire range of lag, it is possible to find
the value of / associated with the highest autocorrelation representing the pitch period estimate.

In other words, the autocorrelation R is maximized when the lag / is equal to the pitch period.

The pseudo-code for the algorithm would look like this:

// Input: last index in frame m, number of samples N,
// sampling rate sr per second

// Output: The pitch period in seconds.

pitch(m, N, sr)

peak := 0
FOR 1:=20 TO 150
autoc:=0

FOR n:=m-N+1 TO m
autoc:=autoc+s[n]*s[n-1]
IF (autoc>peak)

peak:=autoc

lag:=1
pitch := lag/sr
A second method for pitch estimation is the so-called Magnitude-Difference Function. The idea
is that for short segments of voiced speech it is reasonable to expect that s[n]-s[n-1] is small for 1
=0+T+2T, . . , with T being the signal’s period. By computing the MDF for the lag | range of
interest, we can estimate the period by locating the lag value associated with the minimum mag-

nitude difference. And here is the equation for the MDF:

MDE(l,m) = Z I\'].'| S(n - 1)

wem-Na+l

Note that from the same equation, each additional accumulation of term causes the result to be
greater than or equal to the previous sum since each term is positive. Thus, it is not necessary to
calculate the sum entirely: if the accumulated result at any instance during the iteration loop is
greater than the minimum found so far, calculation stops and resumes with the next lag. Also, no
multiplication is involved in this method which is sometimes interesting for speed and memory
usage on small devices. Overall, this method is faster than the regular autocorrelation method.

The idea is implemented with the following pseudocode:
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// Input: last index in frame m, number of samples N, sampling rate sr per
second
// Output: The pitch period in seconds.
pitch2 (m, N, sr)
min := infinity
FOR 1:=20 TO 150
mdf:=0
FOR n:=m-N+1 TO m
mdf:=mdf+ABS (s[n]-s[n-1])
IF (mdf>=min) BREAK
IF (mdf<min)
min:=mdf
lag:=1
pitch2 := lag/sr

It is important to note here, that the two methods present really only estimate pitch. In fact, no-
body will probably ever be able to accurately calculate pitch, since pitch, even though depending
on the fundamental frequency, is subjective. Even when focussing only on speech, there are
many factors that distort pitch. For example, periodic vibration at the glottis may produce speech
that is less perfectly periodic because of movements of the vocal tract that filters the glottal

source waveform. Then, glottal vibration itself may also show aperiodicities, such as changes in

amplitude, rate, or glottal waveform shape. Reverberation inside the vocal tract also distort pitch.

LP Analysis
The underlying model for LPC is this:

tn)=axin-)+axin-2)+ - +a, x(n-M) Y ax(n-i)
o . .~

where x~(n) is the prediction of the present sample generated through linear combination of the
past M samples x(n) to x(n-i). The a; are called the linear prediction coefficients. In other words
the predictor tries to predict a sample as a linear combination of the previous outputs. Usually
10-32 linear prediction coefficients are used. The number of coefficients is usually chosen de-
pending on the frequency used, for 8kHz sampling rate 10-dimensional LPC analysis is usually

good, for 16kHz, 20 is a typical value.

The idea is then to minimize the error between the actual and the predicted value:

r)=xin)~xin)= xin) \ axin-i),
-
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This is usually solved by mathematical optimization, such as Levinson-Durbin recursive method,
the scientific literature also discusses other methods (see research references). For an order N

filter, the filter coefficients a; are found by solving the NxN linear system Ra=r, where

R(0) R(1) R(IN=1)
R{1) R(0) R(N-2)
R =
RIN—-1) RIN-2) R(0)
R(1) )
R(2)
=

R(N) |

with R(m) being the auto-correlation of the signal x/n], computed as described above (and im-

plemented below):

N=1
R(m) = z t[l]l’ll —m]
=0
and r being the so-called reflection coefficient. The following pseudo-code illustrates a practical
implementation of this method which was first invented by N. Levinson in 1947 and then modi-

fied by J. Durbin in 1959 (see research references).

// Compute LPC coefficients from a series of auto-correlation coefficients
// Input: dim order of LPC analysis,

// ac [0...dim+l]Jautocorrelation values (see helper function below)
// Output: ref[0...dim] reflection coefficients R(N),
// lpc[0...dim] LPC coefficients,
// error residual error
levinson_durbin(dim, ac)
error := ac(0]

IF (error == 0)
set all ref[i]:=0
levinson durbin := ([0...0],[0...0],0)
// return and exit routine
// main loop
FOR i:=0 TO dim-1
// Calculate the reflection coefficient
r:=-ac[i+l]
FOR j:=0 TO i
r:=r-lpc[jl*ac[i-J]
r:=r/error
ref[i]:=r
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// Update LPC coefficients and total error
lpc(i]:=r
FOR j:= 0 TO (i/2)-1
temp := lpc[j]
lpc[j] := lpc[jl+r*lpcli-1-7]
lpc[i-1-j] := lpc[i-1-jl+r*temp
IF (i%2 == 1)
lpc[j] := lpc[jl+lpc[jl*r
error := 1.0-r*r
levinson_durbin := (ref,lpc,error)

The autocorrelation values can be calculated as follows:

// Compute the autocorrelation coefficients needed for the LPC
// Input: n number of audio samples,

// x[0..n-1] audio samples
// lag a maximum lag range
// Output: ac[0...lag-1] autocorrelation values

lpc_autocorrelation(n, x, lag)
WHILE (lag>0)
lag:=lag-1
FOR i:=lag TO n
d:=0
d:=d+x[i]*x[i-lag]
ac[lag]:=d
lpc_autocorrelation:=ac

With the increasing availability of multiple CPU core architectures, an alternative solution to the
Levinson-Durbin recursion is in frequent use that is easier to parallelize. The so-called Schuer
recursion is related to the Levinson-Durbin method but faster on parallel architectures. On multi-
ple cores, Levinson-Durbin would take time proportional to O(dim*log(dim)), Schuer requires
time proportional to dim. The following pseudo code, which again relies on Ipc_autocorrelation,

shows the idea:

// Alternative recursion algorithm for parallel architectures
// Input: dim order of LPC analysis,

// ac [0...dim+l]Jautocorrelation values (see helper function below)
// Output: ref[0...dim] reflection coefficients R(N),
// error residual error

schuer (dim, ac)

error := ac(0]

IF (error == 0)
set all ref[i]:=0
schur := ([0...0],0)

// Create a so-called generator matrix G with dimensions [2,dim]

FOR 1 := 0 TO DIM-1
// Calculate this iteration's reflection coefficient and error.
G[0][i] := ac[i+1]
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G[1][4i] := ac[i+l]
i:=
WHILE (true)

r := -G[1][0]/error
ref[i] :=r
error := error + G[1][0]*r
i:=i+1
IF (i>=dim)
schur := (ref,error)

// return and exit routine
// Update the generator matrix.
// Unlike the Levinson-Durbin summing of reflection coefficients,

// this loop could be distributed to many processors which
// each take only constant time.

FOR m := 0 TO dim-i-1
G[1][m] := G[1][m+l] + r * G[O] [m]
G[0] [m] := G[1l][m+1l] * r + G[O][m]
schur := (ref,error)

The calculation of the related LPC coefficients is left as an exercise.

As mentioned above, the building blocks introduced here for explaining the LPC algorithm have
been reused many times in other speech compression algorithms. LPC modeling is also used for
speech synthesis. For example, the very popular “speak’n’spell” toy from the 1980s (see web
references) has used LPC for reading words. LPC can also be used as a feature in speech analy-
sis, eg. for speech or speaker recognition. Most importantly though, the LPC algorithm was used
as a basis for further, more complex algorithms for speech compression, of which some are de-
scribed in the next sections.

CELP

CELP is an enhancement of the LPC compression providing better quality speech than LPC-10e,
described above, without increasing the bit rate too much. Since LPC is a synthesizer, a natural
extension is to use a wavetable (see Chapter XXX) to increase the quality, trading off the in-
crease of coder and decoder complexity for smaller bitrates. Therefore, many successful methods
use a so-called codebook, usually a table of typical residue signals. In a nutshell, the analyzer
compares the residue to all the entries in the codebook, chooses the entry which is the closest
match, and just sends a reference to that entry. The synthesizer receives the reference, retrieves
the corresponding residue from the codebook, and uses the “code” to “excite” the re-synthezised
signal, hence the name Code Excited Linear Prediction (CELP). The principle behind CELP is
also called analysis by synthesis because the encoding (analysis) is performed by perceptually

optimizing the decoded (synthesis) signal in a closed loop.
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CELP search is broken down into several steps. Typically, encoding is performed in the follow-

ing order:

1. Linear prediction coefficients are computed, converted to Line Spectral Frequencies (see be-
low), and then quantized

2. An adaptive codebook is searched and its contribution removed

3. A fixed codebook is searched

The steps will be explained in the following.

LSF encoding

An essential trick is to transform the linear prediction coefficients into so-called line spectral fre-

quencies (LSF), sometimes also called line spectral pairs (LSP).

The linear prediction polynomial (from above) can also be written as

o

which can be decomposed into the following two complex equations:

P(R)=A(z) +72-p+DA(z-1)
0@)=A(@) —z-Pp+LA(z-1)

where P(z) is said to correspond to the vocal tract with the glottis closed and Q(z) with the glottis

open. The reason for this transformation is to exploit the following mathematical trick.

A(z) has complex roots anywhere within the unit circle (z-transform) but P(z) and Q(z) have the
very useful property of only having roots directly on the unit circle. So in order to find the roots,
one takes a test point z = exp(jw) and evaluates P(exp(jw)) and Q(exp(jw)) using a grid of points
between 0 and mt. The zeros of P(z) and Q(z) also happen to be interspersed which is why one
swaps coefficients as one find roots. Therefore the process of finding the LSP frequencies is find-

ing the roots of two polynomials of order p+1.

And here is why this helps: LPC coefficients do not quantize well since small quantization errors
may lead to large spectral distortion. Of course, the higher order bits in the representation of the
coefficients are naturally more sensitive to transmission errors than the lower-order ones. Also

the LPC coefficients do not interpolate well, i.e. one cannot compute them at two distinct times
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and expect to accurately predict values in between. Therefore, instead of encoding the coeffi-
cients, it would be better to encode the zeros of the LPC equation. However, finding these zeros
numerically entails a computationally complex two-dimensional search, while the zeros of P(x)
and Q(x) can be found by simple one-dimensional search techniques. Over the years, it has been
found that LSP frequencies quantize well and interpolate better than all other parameters that

have been tried in speech applications.

To convert back to LPCs, one evaluates A(z) = 0.5/P(z) + Q(z)] by putting signal samples
through it the order of the LPC times, yielding back the original A(z).

Adaptive Codebook

The entries in the adaptive codebook consist of delayed versions of the excitation to make it pos-
sible to efficiently code the portions of the signal that are periodic, such as the voiced parts of
speech. In the decoder, the final excitation is produced by summing the contributions from the
adaptive codebook and the fixed codebook (see below):

eln] = lu-’-" + e4n)
where e.[n] is the adaptive codebook contribution and efn] is the fixed codebook contribution.
The filter that shapes the excitation has an all-pole model of the form //A(z), where A(z) are ob-
tained using linear prediction. An all-pole filter is used because it is a good representation of the

human vocal tract and because it is easy to compute.

Fixed Codebook

A good choice for a fixed codebook is normal distributed random vectors. The reason for this is
that the LPC-filtering and the adaptive codebook already removes large parts of the inter-
dependencies between the samples yielding relatively white-noise-like residual. Usually, the co-
debook comprises of about 1024 excitation vectors (10-bit codebook) for a 40-sample subframe
with 8 kHz sampling frequency.

The methods for finding the right entry in the adaptive codebook vary from coder to coder. Many
coders simply uses the Euclidian distance to determine the similarity between code vectors.
Speex uses the Euclidian distance shaped with a perceptual weighting functions that tries to

roughly approximate noise perception in the human ear. Figure 2 shows the optimization loop.
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Figure 2. The CELP encoder loop performing analysis by synthesis until the perceptually
weighted difference is minimal.

In the end, the encoder transmits 144 bits of information based on 240 audio samples of speech
(30 ms). The bit allocation is shown in Table 1.

Parameters No. of bits
LSF 34
Adaptive Filter 48|
Fixed Codebook Index 36
Gains 20
Synchronization 1
Error Correction 4
Future Use 4
Total 144

Table 1. A typical CELP bitstream.

The CELP algorithm is most prominently described in the NATO standard FS 1016 which pro-
vides good quality, natural sounding speech at 4800 bit/s and in ITU-T recommendation G.728

operating at 16 kbit/s. The popular open source speech codec Speex (see web references) is also

based on CELP. Speex is targeted at voice over IP applications.
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GSM

GSM stands for Global System for Mobile communications and was originally developed by a
group called Groupe Spécial Mobile with the same acronym. The group was formed by the Con-
ference of European Posts and Telegraphs (CEPT) in 1982 in an effort to develop a pan-
European public land mobile system. Today, GSM is the number one standard for mobile phones
in the world. The GSM Association, estimates that 80% of the global mobile market uses the
standard. Its ubiquity, which now spans the world, makes international roaming easily possible
and enables subscribers to use their phones in many parts of the world. The main difference be-
tween GSM and its predecessors in that both signaling and speech channels are digital, and thus
is considered a second generation (2G) mobile phone system. This also makes data transmission
over the same line very easy, enabling services such as text and multimedia messaging. The
GSM standard describes more than just voice compression. It specifies everything necessary to
build a global communication infrastructure, such as the structure of the radio network, the fre-
quency ranges, the antennas and cells, subscriber identification mechanisms, security standards,
power control, and so on. For further information refer to the references and Chapter XXX. This
section only provides a brief overview of the speech codecs defined in GSM, which are mainly
based on LPC.

GSM has used a variety of voice codecs to compress 3.1 kHz sampling rate audio captured by
the cell phone into between 6.5 and 13 kbit/s. In the original specification, only a so-called Half
Rate (5.6 kbit/s) and Full Rate (13 kbit/s) codec were defines. These used a system based on lin-

ear predictive coding.

In 1997, the Enhanced Full Rate (EFR) codec working on a 12.2 kbit/s basis was introduced.
With the development of UMTS, this codec was modified into the so-called AMR (Adaptive
Multi-Rate) codecs. This is a variable-rate codec which is high quality and robust against inter-
ference when used on Full Rate channels, and less robust but still relatively high quality when

used in good radio conditions on Half Rate channels.

Even though still built from almost exclusively the concepts explained in this chapter, current
codecs, such as GSM-AMR have grown in complexity beyond a size that can be presented in
pseudo-code in this book. We therefore limit ourselves to presenting and discussing the block

diagram, shown in Figure 3.
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Figure 3. The structure of the GSM-AMR used in millions of cell-phones today (diagram by
Bessette et al.).

The GSM AMR-WB codec is based on a special version of the CELP codec, the so-called Alge-
braic Code Excited Linear Prediction (ACELP) algorithm. ACELP is uses an algebraic adaptive
codebook, i.e. the codebook entries are not stored explicitly but as mathematical formulas. The
main advantage is that the codebook it uses can be made very large (> 50 bits) without running
into storage (RAM/ROM) or complexity (CPU time) problems. The main disadvantage is that
the technology is patented and is therefore not freely available. Although the ACELP coder
gives very good performance on narrow-band signals, some difficulties arise when applying the
telephone-band optimized ACELP model to wideband speech, therefore additional features
needed to be added to the model for obtaining high quality on wideband signals. The GSM-AMR
codec works in different modes for different bandwidth. The bitrates are 23.85, 23.05, 19.85,
18.25, 15.85, 14.25, 12.65, 8.85 and 6.6 kb/s.

The input signal is down-sampled and pre-processed using a high-pass filter and a noise-

reduction filter. The ACELP algorithm is then applied to the down-sampled and pre-processed
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signal. Linear Prediction analysis is then performed once per 20 ms frame. The set of linear pre-
diction parameters is converted to, so-called immittance spectrum pairs (ISP) (see research refer-
ences), which is a different form of LSF, and quantized using vector quantization (VQ). The
speech frame is divided into subframes. The adaptive and fixed codebook parameters are trans-
mitted every subframe. The pitch lag is encoded with 9 bits in odd subframes and relatively en-
coded with 6 bits in even subframes. Another bit per subframe is used to determine the low pass
filter applied to the past excitation. The pitch and algebraic codebook gains are jointly quantized

using 7 bits per subframe.

The highest frequency band (6400-7000 Hz) is reconstructed in the decoder using the parameters
of the lower band and a random excitation. No information about the higher band is transmitted,
except in the best mode (23.85kb/s), where the higher band gain is transmitted using 4 bits per
subframe. In other modes, the gain of the higher band is adjusted relative to the lower band using
voicing information. The spectrum of the higher band is reconstructed by using a wideband LP

filter generated from the lower band LP filter.

As aresult, the decoder has a similar structure, as shown in Figure 4.
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Figure 4. The structure of the GSM-AMR used in millions of cell-phones today (diagram by
Bessette et al).
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TODO

Not only mobile phones use LPC variants, Skype’s SVOPC and the later SILK codec use them
too. SVOPC and Silk are also tuned to conceal frame drops. This is done by interpolating LSF

parameters between two received frames to make up for the missing one.

All speech codecs have in common that they use a model of speech production to save bits. The
next chapter will explain perceptual codecs. These use a model of perception. Of course, these
codecs can be used for speech compression as well, although, as of today, speech-production

coders still seem to do better on speech than perceptual coders.

Index Terms

Exercises

1. Elaborate which target properties for a speech coder would be most important for: A regular
phone, a cell phone, Internet radio, and an Internet teleconferencing application.

2. Describe how speech intelligibility differs from audio quality.

3. Implement a voiced/unvoiced detector. Then try it on different voice recordings and describe
the limits of your approach

4. Implement a pitch estimator. Then try it on different voice and music recordings and describe
the limits of the approach.

5. Perform a runtime-analysis of the Levins-Durbin and Schuer algorithms on a single CPU.
Then describe how the Schuer algorithm performs better on multiple CPUs. Calculate the run-
time for it on different CPUs.

6. If one where to use LPC to model music, which types of instruments would be modeled well
and which ones would not? Give examples and explain why.

7. Write the (pseudo-)code for calculating the LPC coefficients from the reflection coefficients as
output from the Schuer pseudo-code presented in this chapter.

8. Write (pseudo-)code for calculating the LSF coefficients from LPC coefficients.

9. Write (pseudo-)code to implement a CELP encoder.

10.Use a current implementation of a speech encoder (e.g. in your cell phone or using a voice-
over-IP application) and transmit speech, music, and noise through it. Describe and explain the
artifacts observed.

11. Given the models presented in this chapter, discuss what other elements are contained in
speech that were not discussed. Describe how these could be handled.

12.Use a speech compression algorithm of your choice and describe how you would handle
packet loss?
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Chapter 18: Content and Context
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Chapter 22: Multimedia Content Analysis Systems
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TODO add chapter, take audio
analysis chapter and add visual
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